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NUMBER 2 


Recent Developments in Precision Master Recording Lathes” 


Jerry B. Mintert 
Components Corporation, Denville, New Jersey 


Work on the Hydrofeed® master recording lathe actually began almost 20 years ago. 


The in- 


creased standards of performance required to produce the microgroove LP record are easily met 


by this new development. 


Basically this lathe differs from previous ones in the use of a hydraulic- 


feed system, for the transverse feed, rather than a lead screw. Many other improvements are 
described, such as automatic pitch control, reduction of wow, flutter, and rumble to very low 
levels, and automatic operation throughout the operating cycle. 


INTRODUCTION 


T SEEMS wise to review briefly the basic method for 

duplicating phonograph records, so that we may all 

speak the same language, for the duraticn of this paper, at 
least. 

In the early days of record manufacture it was customary 
to cut, or engrave, a sharply defined groove in a rotating 
wax blank directly from the mechanical vibrations of a 
diaphragm. This wax engraving was called the “master re- 
cording.” 

For many years wax was widely used until the develop- 
ment of lacquer-coated discs. At the present time, the lac- 
quer-coated discs are used almost universally for making the 

* Presented at the Seventh Annuai Convention of the Audio Engi- 


neering Society, New York, October 12-15, 1955. 
t President. 


master recording. 

After the master is cut, it must be coated with a suitable 
conducting material; then it is plated with 0.010 to 0.020 in. 
of copper, nickel, or some other suitable metal. The plated 
metal, of course, has a surface which is the negative image 
of the original master. Quite obviously, the plated metal 
cannot offer any improvement in surface smoothness over 
the original master recording. This plated metal is called 
a “stamper.” It is mounted on a suitable backing platen 
and, with the aid of heat and pressure, is used to produce 
positive copies in a suitable plastic material. 

Again the surface smoothness of the resulting finished 
record, called a “pressing,” will not be any better than the 
finish of the stamper from which it was made. 

The original 78-rpm shellac phonograph records con- 
tained some abrasive material which actually ground the 
playback stylus or “needle” to the exact shape of the groove. 
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It was customary to change these needles after the playing 
of each record, for best results. Typical stylus forces were 
around 2% oz, or 70 grams. Quite a contrast with modern 
practice. 

The groove dimensions were determined by a stylus hav- 
ing a tip radius of approximately 22 mils. The grooves were 
played back using a tip radius of about 3 mils during the 
more recent years of “quasi-standardization.” Since these 
78-rpm records were cut at around 100 lines per inch, simple 
analysis indicates that signals having a maximum peak 
groove amplitude of 2 or 3 mils were all that could be placed 
on the record without the danger of cutting into the adjacent 
groove. 

It was customary to think of 40 db as a reasonable dy- 
namic range fer the early 78-rpm records. Since 40 db 
represents a 100:1 amplitude ratio, this means that the 
surface of the finished record groove had to be smooth com- 
pared with 1/100 of 2 mils, or 20 micro-in., or 20/1,000,000 
in., whichever way you may choose to say it. Actually, as 
better pressing materials with lower abrasive content and the 
lighter-weight electrical playback systems came into uni- 
versal use, the residual noise was pushed down towards 50 
db below signal level, which value corresponded to about 
7 micro-in. of equivalent surface finish in the groove. 

Then came the microgroove development. The minimum 
microgroove requirements, to be competitive with 78-rpm 
practice, are as follows: 

First, the maximum peak groove amplitude is reduced 
slightly to about 1 mil, with some occasional peaks exceeding 
this limit. Since the playback tip radius is “standardized” 
at 1 mil, the minimum groove width is approximately 2 3/10 
mils. If we wish to retain the 50-db residual, the groove 
smoothness must now be less than 3% micro-in. 

In the meantime, FM transmission practice adopted in 
television, also, has accustomed the public to noise levels 
which are, in general, 60 db down from the peak levels. If 
we now add this on to our microgroove requirement, the 
maximum tolerable surface roughness in the recorded groove 
becomes approximately 1 micro-in. Good engineering prac- 
tice requires, of course, that the noise contribution of the 
master recording lathe be considerably lower than even 
this figure of 1 micro-in.; after all, there are other sources 
of trouble in the record-manufacturing process 

For a time the early microgroove records suffered from a 
variety of troubles; then “hi-fi” came of age and there were 
more troubles. For example, the loudspeakers in common 
use today are capable of transmitting appreciable output at 
30 cps and even lower frequencies. The value of this in- 
crease in low-frequency transmission has long been debated 
pro and con. Nevertheless, many prospective purchasers of 
microgroove records utilize such loudspeakers in their sys- 
tems and do not intend to use “rumble filters,” either! In 


addition to the loudspeakers, better pickups, amplifiers, 
and microphones have all extended the lower limit down- 
ward. 

The demand for longer playing time in smaller space has 
already created a new speed, 1624 rpm. Until recently, this 
speed was used chiefly for “talking-book” records. Recent 
developments announced by the Chrysler Corporation offer 
a new “hi-fi” 1624 rpm record player as optional equipment 
in their 1956 line of automobiles. 

In order to obtain fidelity at 1624 rpm comparable to that 
which is possible at the higher speeds it will be necessary 
to reduce the playback stylus to 1% mil. Fortunately, most 
good microgroove records can be played with such a stylus, 
since the masters were cut with a stylus having a 2/10-mil 
tip radius. Recent developments in the pressing of records 
permit better “fill” at the bottoms of the grooves and make 
more practical the use of a ¥%2-mil playback stylus. 

It is probable that the maximum recorded amplitude may 
be reduced to perhaps 2 mil for sake of longer playing time 
at 16%4 rpm. If this is to be done, then either we must 
accept less than 60 db of dynamic range or reduce the maxi- 
mum tolerable groove finish to % micro-in. 

Therefore, to sum up current practice and probable future 
trends, it is now necessary to provide less than 1 micro-in. 
of surface finish in the recorded groove. In the future, even 
this requirement will have to be exceeded. 


CONVENTIONAL RECORDING MECHANISMS 


Figure 1 shows the basic recording mechanism in common 
use today. It consists of a lead screw which is usually driven 
from the same shaft as the turntable through a system of 
gears, belts, or other means. Regardless of how the lead 
screw is driven, some type of nut having a suitable thread 
must engage this screw to drive the cutter across the sur- 
face of the master blank. 

In the finest master recording lathes, it has been cus- 
tomary to machine, grind, and lap these lead screws with 
great care to produce the finest possible surface finish. This, 


ae ae ST re ee re ee 


a ne a Cn ee ee 


Lee) Ne eee 


pr ee 


Sus 
a ee ee 


i tee ot pod Fe A 
Paha ee, ae Te eee ee 


ace 


a 
3 
ee | 
\ 
\ 
y 
\ 
s 
“h .. 
amas awe’ ase = — a7 
‘4 
| at 
| 
aa 
5 " Ar 
/ eo 
Fig. 1. The basic dise-recording mechanism in common use today. 7 
x 
ia 
a 
ji 


52 JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


of course, is quite necessary to minimize rumble. Occasion- 
ally, mechanical filters have been employed to attenuate 
further any residual rumble. The cutoff frequency of such 
filters has been set at the lowest value deemed practicable. 

In other words, the lead screw is supposed to impart 
lateral motion with a dc component only—no ac component. 
The better the surface finish on the lead screw, the less chance 
there is of an ac component. In practice there is a limit to 
the fineness of the surface finish which can be put on a 
lead screw and maintained there with normal wear during 
recording. 

It can be seen that any residual ac component of lateral 
motion resulting from lead-screw surface irregularities will 
be engraved or cut directly into the master and will be heard 
as rumble during playback. If these ac components are 
below the reproduced audible range in level, they will still 
be troublesome if they coincide with tone-arm resonance or 
overload the preamplifier and become modulated onto the 
desired signal. 


BASIC PRINCIPLE OF THE HYDRAULIC-FEED SYSTEM 


In an effort to overcome some of the inherent limitations 
presented by lead screws the hydraulic type of drive sys- 
tem shown in Fig. 2 was developed. The gauge shown in the 
diagram at the left of the tank is the pressure-indicating 
instrument. A static pressure of 150 lbs is maintained in 
the sealed tank. This pressure is communicated directly to 
one side of a piston which, in turn, is connected directly to 
the cutter. A special adjustable valve is provided between 
the other side of the piston and an open container, so that 
the opening of this valve will result in controlled leakage of 
the hydraulic fluid. As the fluid leaks past this special valve, 
the piston and its associated cutter will travel across the 
record blank. Uniform motion will result if the valve is 
properly constructed to assure laminar or turbulent free pas- 
sage of the hydraulic fluid and if the carriage which supports 
the cutter encounters uniform friction. It is not too difficult 
to make this friction rather uniform, so that the resulting 


Fie. 2. 


Principle of the Hydrofeed hydraulic-feed recording 
mechanism. 


lateral motion is quite smooth and stable. 

Accurate machine tolerances on the valve parts have 
permitted use of the present recording lathe down to 600 
or more lines per inch at 33% rpm. The author is con- 
vinced that further refinements in the manufacture of these 
special hydraulic valves point to the practicability of cutting 
records at 1000 lines per inch in the near future. 

Examination of the surface finish of recorded grooves made 
by means of the hydraulic-feed system reveals a substantial 
reduction in rumble—both audible and absolute. In fact, 
the author’s company decided to enter the playback-turn- 
table field in order to make available playback equipment 
capable of benefiting from the improved cutting made pos- 
sible by this new recording lathe. With proper adjustment 
of the recording lathe and the playback turntable, dynamic 
ranges of over 70 db have been obtained. 


CLLLMELLLLA 


Fig. 3. Cutter pivot systems. 


In order to make these measurements a direct-coupled 
oscilloscope was used, together with an FM type pickup 
having response to below 10 cps. Actually, the pickup had 
a tone-arm resonance at 7 cps which increased the apparent 


residual rumble appreciably. In order to facilitate these 
measurements, the surface-hiss noise was disregarded. Actu- 
ally, 70 db represents about the limit of our measuring 
equipment. If we use this limit to estimate the equivalent 
surface roughness of the recorded groove, it appears that 
we have less than 4% micro-in. Of course, this measurement 
must of necessity include all the links in the chain. It is 
reasonable to assume, the author feels, that only a fraction 
of this very low residual figure is to be attributed to the re- 
cording lathe. 

The matter of “wow” or once-around speed variation, was 
given quite a bit of long-overdue attention. Figure 3 illus- 
trates two methods of arranging the pivots for vertical mo- 
tion of the cutter. All recording lathes which the author has 
seen use a pivot system having an axis which is not in the 
same plane as the recording surface. Because of slightly 
warped blanks, this displaced axis gives rise to a component 
of cutter travel longitudinal with respect to the groove. 

In our new master lathe—which we call the Hydrofeed®— 
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the pivots are located in the plane of the record surface. 
This arrangement gives rise to no “first order” longitudinal 
motion; hence, it contributes substantially no “wow.” 

The surface of the recording table has been lapped to a 
total runout of less than % mil. Vacuum hold-down of the 
master blank is provided through a series of special grooves 
in the turntable and a hollow turntable shaft. 

In order to center the blank accurately, a special tapered 
center pin automatically centers the blank and then re- 
tracts slightly after the vacuum is “turned on,” to prevent up- 
ward pressure from dimpling the surface. To match this 
accurate centering, our playback turntable has a special 
expanding collet spindle which automatically accommodates 
the normal range of center-hole variation. 


MECHANICAL DETAILS OF THE SYSTEM 


Figure 4 shows the cutter-bar assembly and reveals in de- 
tail how the placement of the vertical pivot axis is arranged. 
Several other features may be noted in the photograph: 

1. The solenoid for electronic adjustment of depth of cut. 
This solenoid operates against a spring, so that power 
failure and similar occurrences cause the cutter to lift auto- 
matically, in order to prevent damage to the stylus. 

2. The oil dashpot for damping the vertical motion of the 
cutter bar. 

3. The felt advance “shoe” which supplies some additional 


vertical damping to help maintain uniform depth of cut. 


4. The end of the suction hose for “chip” removal. (This 
is just visible at the extreme upper right-hand side of Fig. 4.) 

5. The hydraulic cylinder. (This is visible between the 
lathe ways at the right of Fig. 4.) 

Figure 5 gives an overall front view of the Hydrofeed 
lathe. The multiple-belt drive for the turntable is apparent. 
Speed change is effected by means of a stepped pulley and 
a multispeed motor. Electronic drive is optionally avail- 
able, since almost all public power sources contain enough 
phase modulation to introduce random wow when used 
directly. 

At the right-hand side of Fig. 5, are three indicating in- 
struments. The one on the left reads 150 lbs of tank pres- 
sure on the hydraulic system. This pressure changes only 
very slightly during the operating cycle because the volume 
of the accumulator tank is large compared to that of the 
cylinder. After the recording cycle has been completed, a 
manually actuated hydraulic pump returns the fluid from 
the open container back up into the cylinder, forcing the 
piston, and consequently the cutter, back to the starting 
position. 

The two other meters shown in Fig. 5 read the current 
in the stylus-heating coil and the current controlling the 
depth of cut, respectively. 

In Fig. 6 the Hydrofeed lathe is seen diagonally from 
above. 

Figure 7 shows the latest model of Hydrofeed lathe and 


Fig. 4. Cutter-bar assembly of the Hydrofeed lathe. 
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Fie. 5. Overall front view of the lathe, showing the multiple- 
belt drive for the turntable. 


some associated electronic equipment for effecting auto- 
matic pitch variation as program level changes. Visible at 


the lower right of the figure are six knobs which are connec- 
ted to special adjustable hydraulic valves. These hydraulic 
valves are all connected in parallel and are turned on and off 


electrically by means of six solenoid valves. 


OPERATING ROUTINE 


Operation is as follows: The button at the extreme upper 
right is pressed momentarily and the turntable begins to 
rotate, the vacuum system starts up, etc. After normal 
speed has been reached, the next button in the upper row 
is pressed momentarily to start normal feed. The next but- 
ton in the row is then pressed to operate the fast-spiral 
valve so that the cutter is moved rapidly over to a point a 
short distance from the start of the record. Then the small 
knob visible just under the turntable is turned to increase the 
current in the depth-of-cut solenoid in order to start the 
cut; this knob also actuates a switch which turns on the 
heater current for the stylus. Next, the third button from 
the right—the one just under the fast-spiral button—is 
pushed to make the slow-spiral or lead-in groove. When 
the pointer on the scale of the lathe bed reads zero, the lead- 
in button is released, and the tape machine is started re- 
motely by means of the last button at the left of the top row. 

Since these buttons are arranged in the logical sequence of 
their normal use, it is very easy to operate them consecutive- 
ly. If a symphony, say, is being recorded, whenever a 
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Fig. 7. The lathe with associated electronic equipment for auto- 
matie pitch control. 


pause occurs between movements, a momentary pressure on 
the slow-spiral button will put a space on the record. A 
special connector is provided so that this can be done auto- 
matically, by means of an electrical contact, directly from 
the master tape. A piece of conductive adhesive tape is 
applied to the rear of the leader between movements at the 
point where the space is desired. This results in automatic 
spacing between movements. When the end of the tape is 
reached, the fast-spiral cut can be done manually—by press- 
ing the upper fast-spiral button—or automatically by means 
of another set of electrical contacts applied to the active 
side of the “end leader” of the master tape. When the 
cutter carriage contacts the end stop, the lathe can be made 
to produce a locked spiral if the operator desires. Reset 
back to the starting point is manually initiated by pressing 
the extreme left-hand button. This button is surrounded 
by a large cup to prevent accidental reset during normal 
operation of the lathe. 


AUTOMATIC PITCH VARIATION 


Automatic pitch variation was accomplished in the first 
model of this lathe by a servo-operated hydraulic valve 
which varied the pitch automatically in response to informa- 
tion derived from an advance head on the tape. This sys- 
tem suffered from many troubles. First, any servo contain- 
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ing a reversible motor and a position-sensitive indicator is 
subject to hunting if it is made too responsive. Because of 
this speed-of-response limitation, it was necessary to secure 
information considerably in advance of the normal play- 
back head to allow ample time for the motor to actuate the 
valve sufficiently to accommodate the sudden fortissimo 
passages common in symphonic music. Isolated cymbal 
crashes were particularly annoying in this respect. 

To overcome this limitation of the servo-operated valve, 
the multiple-valve system was adopted. Tests on this 
improved system indicate much less lag in response. Further, 
the associated electronic gear is much simpler and less ex- 
pensive. The exact electronic system used to operate the 
solenoids will not be described here, since patents covering 
them have not yet been issued. This much can be said, 
however: They operate on the basis of the equivalent peak 
groove amplitude rather than average amplitude or “‘quasi- 
average” amplitude. Optional means are provided for pre- 
dicting accurately in advance where groove echo is likely 
to occur and for taking immediate action to prevent it from 
happening. 


LUBRICATION 


A certain fundamental philosophy has proved helpful in 
attaining smoothness of operation in this lathe. Oil films 
which we have tried as lubricants have been found unsatis- 
factory, since a recording lathe may stand unused for days 
and then be expected to operate immediately. No oil film 
seemed adequate, so we have used non-metallic self-lubricat- 
ing bearing surfaces. Such relatively new combinations of 
materials as Nylon and polished steel, Teflon and polished 
steel, etc., make excellent bearing surfaces exhibiting greatly 
reduced rubbing noise. Even the lowly and inexpensive com- 
bination of grey hard fiber and polished steel is useful for 
some of these bearings. We recognize that such statements 
may come as heresy to established machine-tool makers but 
how often have they been required to cut surfaces smooth to 
less than 3/10,000,000 in.? 
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The lsophase 


APRIL 1956, VOLUME 4, NUMBER 2 


Loudspeaker” 


THEODORE LINDENBERGt 
Pickering & Company, Inc., Oceanside, New York 


The author describes a push-pull electrostatic loudspeaker, featuring large diaphragm area, 
which makes possible low-velocity sound propagation per unit area. 


HE DEVELOPMENT of an electrostatic speaker was 
undertaken with a definite objective—to overcome 
certain basic disadvantages of the electromagnetic cone 
speaker, particularly in the propagation of acoustic energy 
at the upper end of the audio spectrum. The cone speaker, 
driven by a voice coil which is attached near the center of 
the diaphragm, fails, as is known, to act as a piston at the 
middle and high frequencies. The universal occurrence of 
breakup in cones used at the higher frequencies means that 
the voice coil does not actually control the diaphragm mo- 
tion, and we have the familiar lack of correspondence be- 
tween electrical input and acoustic output. 

After experimenting with small models of an electrostatic 
speaker, we were so impressed with the low distortion, the 
greatly improved frequency and transient response, the 
generally “sweet” sound, that we decided to go “all out” 
in making an electrostatic speaker that would cover as 
much of the spectrum as possible. While the particular de- 
sign to be described and demonstrated here should not be 
considered a perfect transducer, we feel that the improved 
reproduction within the operating range has abundantly re- 
warded us for our efforts to date. 


THE ELECTROSTATIC SPEAKER 


Now let us consider the basic characteristics of an electro- 
static speaker: it has a diaphragm which is driven equally 
at every point on its surface. We find that the very trouble- 
some phenomenon of breakup is eliminated, and with it go 
the distortions of phase differences, etc., that are inescapable 
with a diaphragm every part of which does not move as a 
unit. 


* Presented before the New York Section of the Audio Engineering 
Society, January 11, 1956. 
t Chief Design Engineer. 


Because of the configuration of the electrostatic speaker, 
the diaphragm can be made essentially massless, i.e., the 
mass can be made extremely small compared to the air load 
on the speaker. Our observation is that this gives the speaker 
unparalleled high-frequency and transient response; the 
response is basically peakless throughout the operating range. 

The push-pull electrostatic transducer, moreover, is es- 
sentially linear: it is free from waveform distortion, produc- 
ing neither even nor odd harmonics. This welcome charac- 
teristic of the push-pull electrostatic design has been thor- 
oughly investigated both experimentally and theoretically 
by F. V. Hunt of Harvard.! 


WAYS OF MAKING ELECTROSTATIC SPEAKERS 


There are several ways of constructing an electrostatic 
speaker. Two of the most important are 

1. Stretching the diaphragm between supports around 
its periphery, and leaving an airgap between the diaphragm 
and the two electrodes. 

2. Using an “inert diaphragm,” which is supported by a 
great multiplicity of tiny suspension elements, disposed 
across the entire surface of the electrodes and acting as 
spacing elements to hold the diaphragm in the center be- 
tween the electrodes as shown in Fig. 1. 

Our speaker is of this second type. The diaphragm is 
a sheet of plastic material on which has been deposited a 
very thin conductive layer. The diaphragm is supported 
by a multiplicity of small elastic elements which secure it 
but allow it to move in obedience to the signal modulation. 

The electrodes on each side of the diaphragm must be 


1 Frederick V. Hunt, Electroacoustics, John Wiley and Sons, Inc., 
New York (1954). 
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SUPPORTING FRAME 


INERT THIN 
CONDUCTIVE 
DIAPHRAGM 

INNER ELECTRODE 


Fic. 1. Constructional aspects of the Isophase push-pull electro- 
static speaker. Control of the radius of curvature in the horizontal 
plane and of the vertical height of the speaker afford control of 
the sound-dispersion pattern. 


acoustically transparent in order to avoid pressure effects 
from the trapped air, as well as to allow the acoustic energy 
to move away from the diaphragm. 

This construction enables us to make a transducer of any 
size we wish. The performance per unit area remains the 
same regardless of the overall area of the diaphragm; the 
transducer can, in a sense, be turned out like carpet, subject, 
of course, to limitations of space, cost, etc. Incidentally, 
we call the working element of the speaker “the sandwich.” 


FORM OF THE SPEAKER 


As Fig. 1 indicates, the speaker is made as a plane surface 
curved in the horizontal plane: it is a section of a cylinder. 
As is well known, a surface which is large with respect to the 
wavelength becomes increasingly directional as a propa- 
gator of high frequencies. A surface as large as that of the 
diaphragm of our speaker sends a large proportion of the 
high-frequency energy out at right angles to the plane of 
the surface. By curving the plane in the horizontal direc- 
tion, we get even dispersion of “highs,” all the way out to 
the end of the reproduced spectrum, over a horizontal angle 
of 55°. 

Since the diaphragm is a flat plane in the vertical direc- 
tion, the vertical pattern is essentially of a uniform thick- 
ness equal to the vertical dimension of the speaker. Thus by 
controlling the radius of curvature in the horizontal plane 
and the vertical height of the speaker, it is possible to con- 
trol the sound-dispersion pattern to the exact requirements 
of the listening area. 


THE ISOPHASE LOUDSPEAKER 


FREQUENCY LIMITS 


Since the device is designed to couple directly, in effect, 
with the air resistance, the mass of the diaphragm, as already 
mentioned, can be neglected. The velocity of the diaphragm 
is directly proportional to the electrostatic force applied, 
except as affected by the stiffness of the suspension. In our 
speaker, the constants are such that the response is essen- 
tially linear to well beyond the limits of hearing. The only 
clue we have noted thus far as to the limit of response at 
the high end is a rise and apparent resonance in the imped- 
ance curve which may be observed at 35 kc. Pressure-re- 
sponse measurements, using the best available calibrated 
microphones with constant voltage applied, indicate flat 
acoustic response to well beyond the human range of hearing. 

The factors which limit frequency response at the low end 
are 

1. The maximum linear amplitude of diaphragm motion, 
as set by the electrode spacing and stiffness of the suspension. 

2. The increased power needed to overcome the stiffness 
of the suspension and maintain sound pressure at low fre- 
quencies, with the diaphragm area large enough to move a 
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volume of air adequate for this purpose. (See Fig. 2.) 
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Fig. 2. response of the push-pull electrostatic speaker. 


Frequenc 


EFFICIENCY 


For years, most vf us have regarded the electrostatic 
speaker as a device of essentially very low efficiency. This 
viewpoint is even found in some of the standard reference 
works. However, our development work seems to throw 
a somewhat different light on this topic, particularly in rela- 
tion to extended-range, direct-radiator cone speakers. Our 
objective, in the present design, was to match—if we could— 
the efficiencies of the higher-grade woofers with which our 
electrostatic speaker was intended to be mated. The data 
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Fig. 3. Chart showing the relative power required to produce a 
sound pressure of 3.3 dynes per sq em at a distance of 4 ft on axis. 


in Fig. 3, we feel, indicate that we have been quite success- 
ful in this regard. The electrostatic speaker, we are con- 
vinced, can “hold up its end” efficiency-wise; nevertheless, 
we are by no means near the theoretical limits of efficiency 
yet—not by a good margin! 


POWER LIMITS 


The maximum power output, with a speaker of any given 
diaphragm area, is determined by the maximum strength 
of the electrostatic field that can be produced between the 
diaphragm and the electrodes. (The ionization of the air is 
the event encountered at the top limit.) The maximum 
electrostatic field is the sum of the field produced by the 
polarizing voltage and that of the peak signal voltage which 
is superimposed on the field. In this speaker, the polarizing 
potential is set at 1000 volts dc, and the maximum ac signal 
for which the speaker is designed is 1000 volts rms. As shown 
in Fig. 4, with the push-pull connection the signal is split 
between the two sides of the speaker, so that the peak po- 
tential applied between the diaphragm and either electrode 
is about 1700 volts. 


DRIVING THE SPEAKER 


An electrostatic speaker is, of course, nothing but a capaci- 


“f= 


Fic. 4. The application of polarizing and signal voltages to the 
electrostatic speaker. The peak potential applied between the dia- 
phragm and either electrode at any‘instant is about 1700 volts. 


ae 


——-_-— — - 


tor. The present speaker represents a capacitance of about 
0.0025 mfd from electrode to electrode. Thus the imped- 
ance which the speaker presents to the output terminals of 
an amplifier falls off at a constant 6-db-per-octave rate with 
increasing frequency. This makes it almost impossible— 
with conventional amplifiers—to maintain constant voltage 
across the speaker at high power levels, because of the matter 
of voltage regulation. If the matching transformer is de- 
signed for efficient transfer of power to the speaker at the 
upper end of the audio band, insufficient voltage will be 
available to operate the speaker at the middle frequencies. 
However, the distribution of energy in typical program 
material, as is well known, falls off above about 2500 cps 
at 6 db per octave. Advantage is taken of this typical 
energy-distribution characteristic in the RIAA? disc-record- 


\ 
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1000a 


Fic. 5. The variation of impedance in the electrostatic speaker 
with frequency. 


ing curve to permit pre-emphasis of the high end of record- 
ing, with corresponding attenuation of the high end during 
playback, for the purpose of improving the signal-to-noise 


ratio. Thus the applied sound energy falls off at 6 db per 
octave at the high end. 

The impedance of the electrostatic speaker also falls off at 
6 db per octave (Fig. 5), so that the current through the 
speaker—with typical program material—is maintained con- 
stant. This means that, since power is equal to voltage x 
current, the power requirement at the high end drops at 
about 3 db per octave. 


2 Recording Industry Association of America. 
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Fig. 6. The large model. This electrostatic speaker is designed 
to cover the spectrum from 400 eps up. 


This makes it possible to couple the speaker to the ampli- 
fier for the best energy transfer in the neighborhood of 3000 
cps, and insures that program material above this frequency 
will not overload the amplifier. 


POWER REQUIREMENT 


Taking into account the energy distribution referred to 
above and the diaphragm area and other characteristics of 
the present speaker, the maximum power requirement will 
occur in the neighborhood of 3000 cps. If we use the figures 
previously shown for the voltage drive and acoustic output 
of the speaker, we can calculate that the speaker draws a 
maximum of 44 watts at its full rated capacity. The power 
required to drive a given electrostatic speaker design to full 
rated capacity increases in direct relation to the area of the 
diaphragm. (See Fig. 5.) 


AVAILABLE SPEAKERS AND ADAPTER UNIT 


In addition to the large electrostatic speaker thus far dis- 
cussed, shown in final form in Fig. 6, there is also a smaller 
model, shown in Fig. 7. The large model is designed to 
cover the spectrum from 400 cps up, and the smaller one 
from 1000 cps up. With each speaker an adapter unit 
(Fig. 8) is supplied which performs the following functions: 

1. Provides the polarizing voltage. 


Fic. 7. The smaller model, designed to cover the spectrum from 
1000 eps up. 


2. Supplies a dividing network to divide the frequency 
spectrum between the electrostatic speaker and the woofer 
to be used with it. 

3. Matches the electrostatic speaker to the amplifier. 

4. Provides a control for balancing the output of the 
woofer and the tweeter. 

The adapter is connected to the 16-ohm output of any 
typical high-fidelity amplifier. The woofer and the electro- 
static speaker are connected to the adapter. The two speak- 
ers are balanced by means of the control on the adapter. 

The electrostatic speaker is designed to stand on or near 
the woofer. It should be placed away from the wall, with 
each end of the unit at least 6 in. from the wall, if a corner 
is used. 


=, 
SG) 


Sie 


Fig. 8. 


The adapter unit supplied with the Isophase electro- 
static speakers. The unit provides polarizing voltage and matches 
the speaker to the amplifier. Incorporated, too, are a dividing net- 
work and a manual control for balancing the output of woofer and 
tweeter. 
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Transistor Audio Power- Output Stages” 


J. MarsHattt anp D. Mocent 
Minneapolis-Honeywell Regulator Co., Minneapolis, Minnesota 


The characteristics of the common-base, common-emitter, and common-collector circuits are 
analyzed for their advantages and disadvantages for audio work. Bias stabilization, crossover 
distortion, and harmonic distortion are discussed for several circuits, and the basic design pro- 
cedures are outlined. Transistors approach a theoretical amplifier much more closely than do 
vacuum tubes, so that it is reasonable to expect that circuit development will enable the transistor 
to approach and ultimately surpass the performance of vacuum tubes at a power-supply efficiency 


unattainable with tubes. 


INTRODUCTION 


wl GENERAL there are three major requirements that an 
audio power-output stage must fulfill: 

1. It must handle sufficient power to meet its require- 
ments. 

2. It must have a power gain high enough to warrant 
its existence. 

3. Its output should be a satisfactorily faithful repro- 
duction of its input. 

To the lament of many an engineer, the simultaneous ful- 
fillment of these requirements is not always simple. The 
optimum solution for any individual requirement may often 
result in the degradation of at least one other characteristic. 

It is the aim of this paper to present the interrelation 
of these requirements in transistor output stages and to 
show a method of reaching a collective optimum while 
satisfying each requirement favorably. To this end the 
authors will concentrate on the role of the transistor in the 
output stage. They will assume that transformers, where nec- 
essary, are ideal. 


MERITS OF THE BASIC CONFIGURATIONS 


A brief study of the merits of the three basic transistor 
configurations illustrates the manner in which some desir- 
able qualities can be compromised for the sake of others. 

* Received October 2, 1955. Presented at the Seventh Annual Con- 


vention of the Audio Engineering Society, October 12+15, 1955. 
t Transistor Division. 


The chart below is a presentation of the relative merits of 
the three basic configurations for a given transistor in single- 
ended Class A operation. The figures given are meant to 
be only rough approximations for transistors in the few-watt 
output class. Transistors of various manufacture may vary 
considerably from these values. The figures are based on 
a fixed supply voltage and a given power output using trans- 
former coupling to the load. A nominal output power of 
5 watts was arbitrarily chosen. 

If it is assumed that a transistor has been chosen whicn 
has collector voltage and current limits high enough to ac- 
commodate the power-output level desired and whose fre- 
quency response is adequately high, then the two require- 
ments left to be fulfilled are power gain and minimal dis- 
tortion. 

In general it is desirable to have the power gain as high 
as possible and the distortion as low as possible. The upper 
limit on power gain for a transistor stage depends on the 
parameters of the transistor itself. Circuit-wise, only a re- 
duction from the maximum theoretical value of the power 
gain is possible. However, circuitry can be used to change 
the distortion level in the direction of increasing desirabil- 
ity. This leads to the conclusion that the transistor should 
be used in the manner which best utilizes its characteristics 
in terms of power gain, thus extending to the designer the 
freedom to design circuitry which most efficiently reduces 
distortion. 

As seen in Fig. 1, the common-emitter configuration makes 
best use of the transistor in terms vf power gain. To be 
consistent with the reasoning presented above, the authors 
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ce cc cB 
POWER OUT 5 WATTS 5 WATTS 5 WATTS 
POWER GAIN 19 08 8 0B 1108 
VOLTAGE DRIVE 

DISTORTION did % ™ 
CURRENT DRIVE % 

DISTORTION wa oss ati 
FREQUENCY AT 
WHICH POWER 20 KC 20KC >40KC 
GAIN IS DOWN 
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Fig. 1. Relative merits of three basie configurations for a given 
transistor in single-ended Class A operation. 


will confine themselves to the common-emitter configuration 
and attack the problem of efficiently reducing the distortion. 


MECHANISMS OF DISTORTION GENERATION 


Before attempting to design efficient circuitry for reduc- 
ing the distortion of the common-emitter configuration, one 
must have an understanding of what causes the distortion. 
To this end a study of power transistor control character- 
istics will be presented. 

Ever since the development of the point-contact transis- 
tor, most people have thought of the transistor as a current- 
controlled device. This concept has proved very useful for 
analysis of many circuits. There have been those people, 
however, who have held to the concept of voltage control 
and this concept has its desirable attributes also. 

Figure 2 shows the relation of base current and base-to- 
emitter voltage to the collector current along a load line. 
The curves show that for collector currents greater than a 
few milliamperes the collector current is more linear with 
input voltage than with input current. 

This effect is very fortunate, since in order to obtain maxi- 
mum gain it is often desirable to drive transistor output 
stages from signal sources with impedances much closer to 
a voltage drive than a current drive. It is obviously un- 
fortunate, however, that both control characteristics are not 
perfectly linear. 

The curve of Fig. 3 shows the relationship of the base 
current to the base voltage. This curve is valuable for pre- 
dicting the distortion of the input voltage for a given source 
impedance. If it is assumed that the voltage V, produced 
by the generator of Fig. 4 is a sine wave and the source 
resistance R,, including any external resistance between 
emitter and base, is represented by a resistance in series 
with the base, then it is obvious that the voltage between the 


emitter and base of the transistor will not be a sine wave, 
because the base current drawn by the transistor does not 
vary linearly with the base-to-emitter voltage. 

Thus the distortion produced by the output stage can be 
thought of as being made up of two parts: 

1. The distortion caused by the nonlinearity of collector 
current with respect to base-to-emitter voltage. 

2. The distortion of the input voltage caused by the non- 
linearity of the base current with respect to base-to-emitter 
voltage in combination with the source impedance. 


REDUCTION OF DISTORTION 


For purposes of preliminary discussion, it will be assumed 
that the desirable performance of the output stage be that 
the output current be linear with the generator voltage. 
This will take care of the distortion produced in both the 
ways mentioned above. In Fig. 5 are shown some relation- 
ships which can be used to achieve this linearity. 


CURRENT 
Be 


CURRENT OR VOLTAGE 


Fic. 2. The relationship of base current and base-to-emitter volt- 
age along a load line. 
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Pal 


ip 
Fic. 3. The relationship of base current to base voltage. 


In this figure, Curve R, = 0 represents the input voltage- 
output current relationship for a zero source resistance. This 
is the only case when the base-to-emitter voltage equals V,. 
Thus, the curve is simply a plot of the base-to-emitter 
voltage of the given transistor against the collector current. 
Curve (R,= 10) represents the relationship of collector 
current to V, if the source resistance is 10 ohms. This curve 
may be plotted by adding the products of the value of the 
base current and source resistance to the R, = 0 curve at 
the respective collector currents. 

It will be noted that the transconductance* along curve 


4 
a ll 


Fig. 4. Single-ended transistor audio output stage. 


I 
¢t Transeonductance — —, 
a 


R, = 10 decreases as the collector current increases. If a 
minimum value of transconductance, beyond which it is un- 
desirable to operate, is chosen, say the value at point A, 
it should be possible to reduce the transconductance at low 
current to this value while maintaining nearly the same 
value at the collector current corresponding to point A. 
This can be done by means of nonlinear circuitry. 

Line L is drawn from the origin with a slope equal to the 
transductance at point A. By subtracting the R, = 10 curve 
from this line, curve R,; is obtained. This curve shows the 
part of V, which must appear across a nonlinear element 
in order to secure the linear correspondence of collector cur- 
rent and V, represented by L. 

The shape of curve R,,, is indicative of a circuit element 
which has a constant resistance up to some value of current 


COLLECTOR CURRENT 


Vg 


Fig. 5. Some relationships which can be used to achieve linear- 
ity. 
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through it and then exhibits diminishing resistance with 
increasing current. A parallel diode-resistor combination 
possesses such characteristics. Before the forward knee of 
the diode is reached, the forward resistance of the diode is 
so high that the resistance of the combination is essentially 
that of the resistor. However, when the voltage across the 
resistor reaches the knee voltage of the diode, the diode 
assumes a low dynamic resistance, which causes the resist- 
ance of the combination to become much lower than the 
resistance of the resistor. The forward characteristics of 
silicon power diodes are well suited for this purpose, the 
1N347 having been used with the 2N57 transistor in these 
investigations. 

If a diode-resistor combination is placed in the emitter 
circuit, as shown in Fig. 6, the drop across the combination 
due to emitter current can be applied to the input circuit. 


Ih 


it . {i|t 


Fig. 6. Transistor circuit in which the diode-resistor combina- 
tion has been placed in the emitter cireuit. 


By correct choice of the diode and resistor, the shape of 
curve R,,, in Fig. 4 can be produced to give the linear stage 
transfer characteristic of line L. The value of the resistor 
should run in the order of a very few ohms, depending on 
the diode, the magnitude of the emitter-current swing, and 
the nature of the nonlinearity to be compensated. Actually, 
when the output stage is driven from another stage through 
a transformer, the linearity represented by line L may not 
be optimum, since the voltage in the secondary probably 
will not be sine wave, due to nonlinear loading of the trans- 
former. 

Up to this point, a Class A stage has been used as a basis 
of discussion. This should not be construed to mean that 
this class of operation is recommended for most output cir- 
cuits. Class A operation usually means high standby dis- 
sipation and large transformers in addition to other dis- 
advantages. 

The Class B push-pull stage is a solution to many of the 


problems encountered in a single-ended Class A stage; at 
the same time, it gives rise to some new problems of its own. 
Asymmetries between transistor characteristics and crossover 
distortion are two of these. The authors will not dwell on 
these, however, since they have been discussed adequately 
elsewhere in the literature.§ It should be pointed out how- 
ever, that compensation for these types of distortion should 
not add excessively to the input source resistance. 

Figure 7 shows how the nonlinear elements can be placed 
in a Class B push-pull stage. Data typical of the effect of 
the nonlinear circuitry on a Class B push-pull stage with 
an output power of 5 watts and driven from a 50-ohm source 
is presented below: 


Current Power Gain 
Distortion in db 

None phe 9.5% 26 

Optimum Nonlinear 2.0% 23 


Feedback 


The efficiency of this type of nonlinear feedback can be 
seen by comparing the reduction in distortion with the loss 
in power gain. By conventional methods of linear feedback 
the power gain would have to be reduced by 6 db in order 
to reduce the percentage of output current distortion to 
one-half its previous value. By means of nonlinear feedback 
the percentage of current distortion was reduced by a factor 
of greater than 4.5, with only a 3-db loss in power gain. 


SUMMARY 


While linear forms of feedback can be used in transistor 
amplifiers to reduce distortion, these forms do not aim at 
the heart of the problem. The authors have emphasized 


- 


|Z 


\ 


Fig. 7. A Class B push-pull stage, showing how the nonlinear 
elements ean be placed. 


§ See Bibliography at end. 
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the concept that by analysing the control characteristics one 
may determine the cause of distortion and thereby find 
methods of reducing distortion with a minimum sacrifice 
in power gain. A method of feedback has been presented 
which is based on this concept and which does reduce the 
distortion by a factor of several times with only a minor 
loss in power gain. 
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Audio Console Design Notes* 


Puitip C. Ernornt 
Audiofax Associates, Incorporated, Stony Brook, New York 
All photographs by the author 


The author discusses the design of modern functional control consoles aimed at serving the 
needs of commercial recording studios. Treated are several microphone-mixing consoles and an 
editing console for tape work. The use of push buttons for echo selection and for the selection 
of multiple inputs through one or two high-level positions is discussed. Dealt with, too, are dual— 
channel design (affording either sub-mixing or stereophonic operation in one console) and the 
employment of individual-channel equalizers for the correction of room acoustics. 


HE MOTIVATING FORCE which prompted the fol- 

lowing discussion, developed from embryonic thoughts 
noted several years ago.' It gained impetus through a long 
period of exposure to network radio and television engineer- 
ing operations. Most recently the motivation stemmed from 
the specialized field of communications and recording equip- 
ment design and sales. 

An excellent discussion of the basic steps to be taken in 
designing any audio-mixing facility appeared in an earlier 
issue of the JouRNAL.” In the same issue, the ever-present 
problem of grounds and shielding was given thorough treat- 
ment.* An exhaustive review of the various considerations 
involved in good systems design is not our purpose here. 
Rather, several audio consoles designed specifically for com- 
mercial tape- and disc-recording studios will be presented. 
It will be evident that ideas have been borrowed or adapted 
from broadcast designs. The author’s main theme is, it will 
be noted, operating ease and convenience. 

Modern methods of operation in tape- and disc-recording 
studios have made necessary mixing facilities of increasing 
complexity. The commercial client wants and demands all 
kinds of exaggerated sounds. These involve the use of echo 


* Presented at the Seventh Annual Convention of the Audio Engi- 
neering Society, New York, October 12-15, 1955. 

t Vice President. 

1p. C. Erhorn, “Flexible Studio Console,” Electronic Industries, 
(August 1944). 

2W. E. Stewart, “Basic Problems in Audio Systems Practice,” J. 
Audio Eng. Soc., 1, 85-87 (January 1953). 

3 A.C. Davis, “Grounding, Shielding, and Isolation,” J. Audio Eng. 
Soc., 1, 103-104 (January 1953). 


Fig. 1. A funetionally styled and designed console in everyday 
use in a busy professional studio. 


chambers, program equalizers, sound effects and sound- 
effects filters, a variety of microphone types, vocals isolated 
and treated independently of the music pickup, tape-live 
multiple dubbing, and of course, virtually instantaneous 
playback facilities to both control room and studio person- 
nel. The client tends to use all available facilities liberally 
in his quest for “different” and “more commercial” sound. 
The operating engineer must be prepared to conjure up 
various effects at the flick of his wrist. 

Figure 1 pictures a functionally styled and designed con- 
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sole in everyday use in a busy professional studio.* The low 
sloping panel helps to eliminate “glass arm” effects on a long 
date, and contains all the controls for a fairly complex mix- 
ing job. The single tip-ring-sleeve type of jack (as adapted 
for audio use by CBS) affords a most compact jack field, 
immediately to the left of the controls. Four rows of cam- 
operated, leaf-spring pileup pushbuttons to the right offer 
instantaneous selection of echo feed and remote tie lines to 
playback or rack-mounted facilities. Details of the center 
control panel are shown in Fig. 2. Figure 3 is the block 
diagram of the console. 


“+ at <a if a 
Fig. 2. 


It will be seen that there are 6 inputs at microphone level, 
and 2 more at high level (nominally +4 dbm), labelled A 
and B on the mixer. Two sets of 6 pushbuttons are tied 
to the playback output of 2 tape machines, 2 transcription 
turntables with self-contained preamplifiers, and 2 rack tie 
lines. One of these tie lines can furnish echo return. Each 
remote facility appears on both position A and position B 
buttons, thus allowing the operator to switch any two at 
will. Remote record and tape-motion buttons with indica- 
tor lights, an operating “must,” are situated at dead center, 
as shown in Fig. 2. A program equalizer and sound-effects 


4 Olmsted Sound Studios, Inc., 1 East 54th Street, New York 22, 
New York. 


filter are located just to the left of these buttons. 

Two more sets of 8 pushbuttons are tied in through simple 
minimum-loss branching networks immediately after the mix- 
ing attenuators. A feed from each one of the eight main 
mixer positions goes through both sets of pushbuttons and 
thence to the echo chamber send circuits. By means of the 
buttons, any two positions (including A and B) can be in- 
stantly selected and mixed for echo feed. To place a dif- 
ferent microphone on echo, it is only necessary to “punch 
up” the associated echo button. 

This echo mixer has also been called on for double duty 


Details of the center control panel of the console. 


on occasion as the second channel of a stereophonic pickup. 
The output of a microphone preamplifier can be patched 
directly to the input of either echo mixer attenuator. 

The remainder of the circuits following the mixer networks 
are standard and are designed to raise the levels up to 
program or line level (nominally +4 dbm). Attenuators 
mounted adjacent to the VU meters make possible even 
higher output levels if the need arises, but within the ample 
capabilities of the program amplifiers. Jacks have been kept 
to a minimum without sacrificing operational or emergency 
patching. Figure 4 reveals the heart of the console, show- 
ing the compact but uncrowded placement of most of the 
components. The plug-in amplifiers are seen mounted ver- 
tically at the bottom of the picture, with the various potted 
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Fig. 3. Block diagram of the console. 


mixing and branching networks immediately above. Power 
supplies and monitor amplifiers are mounted in the base 
cabinets. All units are highly accessible for service. 

The console output coil isolates it from the effects of 
grounding or unbalance reflected by the input of the various 
items of equipment which follow it. Since these are almost 
always the bridging inputs of several tape recorders, the 
output tie line can be terminated at the remote-facilities rack 
jack field. Tie lines from this rack also appear on the con- 
sole jack field. 

The console pictured in Fig. 5 was designed for the some- 
what more extensive facilities associated with a larger studio 
devoted to musical production. The physical layout was 
dictated by space limitations in the control room and the 
operating engineers’ desire for the more familiar, almost ver- 
tical, mixer positioning.’ Again, the single tip-ring-sleeve 


5 Coastal Recording Corporation, 136 West 52nd Street, New York, 
New York. 


jacks positioned in the right bay above table level (not visi- 
ble in the photograph) afford a compact arrangement. 
Patchcords are short and quite stiff, so that they do not 
tangle or interfere with mixing operations. Pushbuttons, 
although proven very reliable, were not used, either for echo 
selection or remote line selection. Keys and jacks were sub- 
stituted, with two keys positioned over each mixer attenu- 
ator. 

Reference to Fig. 6, a partial block diagram, shows that 
following the mixer attenuators is a transfer key which al- 
lows each position to be thrown to either one of two mixing 
networks, or off, in the center position. Following the main 
mixer network, the circuitry is conventional, returning to 
line level at the output of the console. However, any posi- 
tion can be thrown at will to a submixer network, which 
combines, as shown, through a simple branching net, back 
into the main program channel. This bit of additional op- 
erating ease makes it possible, for example, for the operator 
to key the orchestra microphones so that they feed the sub- 
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mixer, leaving the main mixer free for solo and chorus con- 
trol. He need only use the submaster gain control on the 
accompaniment. This method, although not necessarily 
ideal, is typical of recording-studio techniques: The philoso- 
phy states that a man can do only so much with two hands! 

Note that a second output from the submixer net feeds 
through an isolation amplifier and gain control to one of the 
echo networks. This provides the means for throwing the 
entire submixer into or off echo with one key. 

Consider the method of echo feed from each of the mixer 
positions. With the transfer key in the main mixer mode, 
a bridging coil feeds the echo networks via a cutoff key. 
With the exception of the echo master gain, the signal feed- 
ing the echo chamber is governed solely by the degree of 
attenuation in the main gain controls. When the transfer 
key puts a given position on the submixer, gain is still con- 
trolled with the mixing attenuator, but echo is controlled— 
considering the submixer as a whole—as described in the 
previous paragraph. 

Figure 7 illustrates a somewhat more elaborate approach, 
offering many features of operating convenience normally 
obtained only by patching in additional, remotely situated 
facilities. 

A microphone input level of -65 dbm was selected as 


typical of many velocity or pressure-gradient microphones 
as the ribbon becomes stretched in use. By contrast, mod- 
ern condenser microphones have such a relatively high out- 
put that it becomes fairly simple actually to overload the 
console preamplifier, unless the amplifier associated with the 
microphone is padded down ahead of the wall receptacle! 

Individual position equalizers raise and lower the spec- 
trum up to 8 db at 100 cps and at 5 ke and are in the cir- 
cuit at all times. Each microphone, for example, can be 
“doctored” to produce a “presence” rise or to take advantage 
of what appears to be a human preference for bass emphasis 
in music. The rolloff curves, on the other hand, make it 
possible to compensate for overbassy announcers and for 
proximity effect with velocity microphones. Excessive con- 
denser-microphone sibilance can be alleviated by means of 
the high-frequency rolloff. 

There is no question but that those of us with backgrounds 
in flat broadcast transmission systems will raise an eyebrow 
at the extravagance of position equalizers. Suffice it to say 
that most recording studios are on the small side, physically; 
the use of such equalizers as a means of correcting for acous- 
tic deficiencies or providing the client with the exaggerated 
sound which he feels he needs, turns out to be most con- 
venient. A particular effect can be tried out without wast- 


Fig. 5. A console for a larger studio devoted to musical produc- 
tion. Control-room space was limited. 
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Fic. 6. A partial block diagram of the mixing and echo facilities of the console shown in 
Fig. 5. 
ing expensive talent time while patching. problem exists. An obvious saving is attained by the elimi- 


With respect to the echo facilities, note that a simple nation of bridging coils. Ideally, the Wheatstone Bridge 
branching network makes possible either of two feeds to type of splitting pad offers much greater isolation between 
two different echo chambers, with individual mixing control. the branches. However, the requirement for a balancing 
Practically everything these days is recorded (or rerecorded) coil in one of the legs would again bring up the cost, and 
with some degree of echo. With two chambers (one of which further isolation appears unnecessary in practice. 
might be “tape reverb”) the degree of echo used on the The new Unilevel® peak-level-control amplifiers (shown 
vocal can be different in character and time delay from that on patch facilities) actually may be substituted for the regu- 
used on the accompaniment. The accompaniment can be lar program amplifier. Adjustable threshold controls set the 
switched to channel 2, via the transfer keys, and channel 2 point at which compression begins, and some 30 db of gain 
then becomes a submixer, combined later on into channel reduction can be had with unusually low distortion and no 
1. Channel 2 can also be used for stereo operation, which ‘thumping.’ This device is an excellent tool in the struggle 
seems to be commercially just around the corner. It can to put more level on a record. 
be used as a cue channel, for multi-dubbing tape and live In conjunction with the live recording of talent are the 
talent, or for isolating voice track from orchestra track. By separate but closely related requirements for tape editing. 
this last means, if, at the end of a session, the client feels Of course, the regular studio console can be used in the 
that he does not have a satisfactory vocal, he will still have business of editing and dubbing, but any successful studio 
a separate orchestra accompaniment track. The vocal can almost immediately finds a need for a separate editing room. 
then be redone at a later date, with cues fed to the vocalist This permits simultaneous operation of both facilities, mean- 
so that he can “sync” with the orchestra track to make the _ ing increased business, but calls for some form of convenient 
composite. control. A neat and compact arrangement of a typical edit- 

Note that when any one position is open to echo, all other ing and dubbing console is pictured in Fig. 8. 
positions can also feed echo back through the main mixer 
network and the splitting pads. Because this leakage path 


is at least 31 db below the desired echo signal, no practical 6 Manufactured by General Electric Company, Model 4BA9A/B. 
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Fic. 7. A block schematic exemplifying a somewhat more elaborate approach. 


The operator sits with the controls directly in front of 
him and with the two basic recorders situated one on each 
side of him. By simply angling his chair, he can readily 
reach all three control points. In the arrangement pictured,” 
a third recorder and transcription turntable are positioned 
behind and to the left. The rack containing amplifiers, jack 
field, tuners, equalizer, etc., is located at the right, all within 
reach of a well-oiled swivel chair. Across the control desk 
sits the production man or client and the ever-present tele- 
phone. 

The block diagram of Fig. 9 shows the relative simplicity 
of the few basic components needed to tie the editing facili- 
ties together for maximum operating convenience. Three 


7 Olmsted Sound Studios, Inc. 


tape machines and the transcription turntable are normalled 
to transfer keys which feed the main program circuit in the 
“down” position, are off in the center, and feed a simple 
cueing circuit in the “up” position. The cue monitor is actu- 
ally a program amplifier, rather than a power amplifier, 
and produces more than adequate volume for the purpose. 

The associated equipment rack contains the TV and FM- 
AM tuners for off-the-air feeds, as well as amplifiers and 
power supplies. In this particular installation, the program 
equalizer is a most versatile new tool, the award-winning 
Graphic equalizer. The compact control panel for this in- 
strument is at the end of a lengthy cable which allows it 
to be placed in the most convenient operating position. 


8 Cinema Engineering Company, Type 102-AX. 
® Cinema Engineering Company, Type 7080-A. 
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Fig. 8. A console for editing and dubbing. 


If the monitor speaker is positioned aloft in a corner-horn 
type of cabinet, a minimum of standing-wave pattern exists, 
and critical listening can be done even in this typically small, 
acoustically treated room. 
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Fig. 9. Block diagram of an editing console. 
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An Output-Transformerless Amplifier” 


Hrrosuit Amemriyat 
University of Tokyo, Bunkyo-ku, Tokyo, Japan 


An amplifier with no output transformer is described. The output stage is single ended, and 
the tubes are connected in series. The cathode-coupled phase-inverter driver is used to drive 
the output stage. An analysis of the driver circuit is followed by a description of the amplifier 
and its performance. With 20 db of negative feedback, frequency response is flat to 30 kc, down 
only 1.5 db at 100 kc. A power output of 3 watts is obtained into a 600-ohm load with an input 
signal of 0.8 volt. Intermodulation distortion is only 0.7% at 3 watts. 


INTRODUCTION 


._ ELIMINATION of the output transformer from 


power amplifiers is a very intriguing subject for audio 
engineers. Even the more costly output transformers are 
often lacking with respect to frequency and phase charac- 
teristics, which, in turn, limits the amount of negative feed- 
back that can be used without instability. At the same time, 
output transformers may introduce power losses due to wind- 
ing resistance and core material. Additional characteristics 
of output transformers are bulkiness and heaviness. 

In output-transformerless amplifiers, the load is connected 
directly to the output tubes, and there is no matching device 
between them. As the load impedance usually is much lower 
than the plate resistance of typical output tubes, the single- 
ended push-pull connection is used advantageously over the 
conventional push-pull connection, because the output im- 
pedance of the former is one-quarter that of the latter. 

However, the use of the single-ended push-pull connection 
brings forth the problem of obtaining equal drive to the 
output tubes. Since the output stage is not balanced with 
respect to ground, the conventional balanced driver circuits 
cannot be used. Several driver circuits have been devised 
to solve this problem and have been reported elsewhere.':?*4 


* Received January, 1956. 

t Electrical Engineering Department. 

1A. P. G. Peterson and D. B. Sinclair, “A Single-Ended Push-Pull 
Audio Amplifier,” Proc. 1.R.E., 40, 7-11 (January 1952). 

2 Julius Futterman, “An Output-Transformerless Power Amplifier,” 
J. Audio Eng. Soc., 2, 252-256 (October 1954). 

3W. H. Coulter, “Amplifier Circuit Having Series-Connected 
Tubes,” U. S. Pat. No. 2,659,755 (November 17, 1953). 

4Hiroshi Amemiya, “Analyses of Drivers for Single-Ended Push- 
Pull Stages,” J.R.E. Trans. on Audio, AU-3, 162-167 (September- 
October 1955). 


In the amplifier described in this paper, the cathode-coupled 
phase-inverter driver is used.* 


DRIVER CIRCUIT 

The basic circuit of the driver and the output stage of the 
amplifier is shown in Fig. 1. This is an equivalent signal- 
voltage circuit in which all the direct-current components 
have been omitted. V,; and V,» are the output tubes, and 
V, and V2 the driver tubes. Note that the plate load re- 
sistor of V; is returned to the midpoint of the series- 
connected output tubes. If it is assumed that the circuit 
elements, including the tubes, are linear and that the out- 
put impedance of the amplifier—which is the net impedance 
of the plate resistances of the output tubes and the load 
impedance connected in parallel—is very low, an analysis 
of the circuit of Fig. 1 gives 


N 9 2+ 2 1)Rx|R 
Eo, =~!" [Rie + ree + (we + 1) Rel Ria (1) 


A 


and 


Eww | 


AAAA 
VVV¥ 


Fic. 1. Equivalent signal-voltage cireuit of the driver and the 
output stages. 
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rs MEry (pe + 1)RxRr2 
A 


Eq: = 


(2) 


where 
A= [(40 + 1) Ria +7 + (1 + 1) Rx] X 

[Rr + rp2 + (pe + 1) Rx|- 

{-AoRi2 + (wi + 1) Re} (we + 1) Re 
Here, »; and yp» are the amplification factors, rp; and rp» 
the plate resistances, and R,, and Ry,» the plate-load resis- 
tors of V; and V2, respectively, and Rx is the common 
cathode resistor. A, is the gain of the output stage as given 
by 


Eovr aL pol 
Ea. + Eq2 rro+2Z 
where Z is the load impedance, », is the amplification factor 


and rp the plate resistance of the output tubes, V,; and 
Veo. 


Then 


A o— 


(3) 


Ea i | Rre + rpo+ (pe + 1) Rx] Rin 
Ege (p2 + 1 ) RxRr2 


(4) 


Note that the above ratio does not include A,, or, in other 
words, the balance of the driving voltage is not affected at 
all by the variation of the load impedance Z. This is a very 
favorable feature of the driver, as otherwise the push-pull 
operation of output stage cannot be assumed when the load 
impedance fails to be constant over the frequency range of 
interest. For instance, the impedance of a speaker varies 
considerably with frequency. 

There are three other ways in which a cathode-coupled 
phase inverter can be used to drive a single-ended push-pull 
stage. In these arrangements, however, the balance of the 
driving voltage is affected to some extent by the load im- 
pedance.* 

Equation 4 shows that perfect balance is obtained by 
arranging the plate-load resistors of the drivers in such a 
way that the relationship 


Rin ae (we + 1) Re 

Riz Riz + Prez + (pe +1) Re 
is satisfied. If the product of wR, is made large, satisfac- 
tory balance is obtained using the same value for both R,; 
and Ry». 

If V,; and Vz are of the same tube type and the plate-load 
resistors are equal, p; = pe = p, fp1 = Fp2 = rp, and Ry; = 
Ri2 = R, may be substituted in the equations. Then, from 
eqs. 1 and 2 


(5) 


P pEry | Ri + rp+ 2(n+ 1) Rx| Ry 
A 
pEr (6) 


Tp 
a+ 4—) 


L 


Ea + Ego = 


AN OUTPUT-TRANSFORMERLESS AMPLIFIER 


Therefore, from eq. 3 

| Eovr | Ay (Ea + Eee) | 

| lot = (7) 
| Evy | Evy 


Equation 7 gives the overall gain of the driver and the 
two halves of the output stage connected together. It is 
very interesting to note that this overall gain figure is not 
much affected by the gain of the output stage, A,. This is 
another feature of the circuit and is due to the internal feed- 
back of the output voltage to the driver stage. In the case 
of the conventional push-pull connection, the corresponding 
gain is simply the product of the respective gain values of 
the driver stage and the output stage. 


AMPLIFIER AND ITS PERFORMANCE 


Figure 2 is the schematic diagram of an output-transform- 
erless amplifier built with the circuit arrangement described 
above. Two triode-connected 50L6-GT’s are used as out- 
put tubes, V,; and V,2, and the two halves of a 6SN7-GT 
as drivers, V; and Vs. The plate supply of V; and that of 
V. are taken from B+ through a separate 30-K resistor to 
enable the drivers to handle large signals. A 10-mfd capaci- 
tor connects the plate resistor of V; to the output, so that 
for ac signals the circuit is equivalent to that of Fig. 1. 
The grid of V; is directly connected to the plate of the 6SJ7, 
which is used as a voltage-amplifier stage. The grid of V2 
is grounded for ac signals through a 0.5-mfd capacitor, but 
maintained at the same dc voltage level as that of V, by 
the 1-meg resistor connecting the two grids, to insure proper 
operation of the driver stage. 

Equal plate-load resistors are used for V; and V2; theo- 
retically, in this case, the result should be a certain un- 
balance in driving voltages. Practically, however, no reduc- 
tion in distortion was effected by staggering the load re- 
sistors to secure better balance. 

Negative feedback is taken from the load to the cathode 
of the first stage, 6SJ7, through Ry. The amount of feed- 
back is 20 db when the load is 600 ohms. The input voltage 
required to obtain the rated output, 3 watts, is 0.8 volt. 

Frequency response of the amplifier is shown in Fig. 3. 
The plot was made with a 600-ohm resistive load and at an 
output level of 2 watts. Without feedback, the response 
is 15 db down at 100 kc. This loss is due almost entirely 
to the first stage, because the response from the grid of V 
to the output is down only 1 db at the same frequency. 
This means that the overall response of the amplifier can 
be improved by simply reducing the plate-load resistance of 
the 6SJ7, at the sacrifice of gain, of course. The dc voltage 
level of the driver grids may be changed between 30 and 
80 volts without adversely affecting operation. 
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NOTE: 


RESISTORS ARE 1/4W TYPE 
UNLESS SPECIFIED. 


FIGURES IN PARENTHESES ARE 
VOLTAGES WITH RESPECT TO 
GROUND MEASURED WITH I! 
MEGOHM INPUT VTVM. 
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Fig. 2. Schematic diagram of the output-transformerless amplifier. 


Figure 4 is the power response with a 600-ohm load meas- 
ured for good waveform. Full output power of 3 watts is 
maintained well over the audio spectrum. 

The intermodulation distortion is shown in Fig. 5 as a 
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Fie. 3. Gain versus frequency with a 600-ohm load at an output 
of 2 watts. 


function of output power. Fifty and 7000 cps mixed in a 
ratio of 4:1 were used as signals. The distortion is about 
0.7% at 3 watts and increases rapidly beyond. Figure 6 
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Fic. 4. Power output for good waveform versus frequeney with 
a 600-ohm load. 


shows the output power, at an intermodulation-distortion 
figure of 1%, as a function of load resistance. 

The gain of the driver and that of the two halves of the 
output stage are shown in Fig. 7 as a function of load re- 
sistance. The measurements were made with the feedback 
resistor, Ry, removed. As the load impedance increases, 
|\Eour/Eg2|, which is very close to 2A,, increases, while 
\Eq2/Erx| decreases. As a result, the overall gain of the 
two stages combined is less dependent on the load than that 
of the output stage alone. This confirms the discussion given 
previously with respect to eq. 7. 
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Fig. 5. Intermodulation distortion of the amplifier with 600-ohm 
load. 


The amplifier is completely free from the kind of high- 
frequency instability caused by stray capacitance across the 
load. In fact, the square-wave response, say, at 10 kc, is 
the exact replica of the input voltage except for a slight 
rounding off of the leading edge; no transient oscillation 
is observed. 
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AN OUTPUT-TRANSFORMERLESS AMPLIFIER 


OUTPUT FOR I% IM — WATTS 


POWER 


4 7 1000 
LOAD IMPEDANCE — OHMS 


Fic. 6. Power output for intermodulation distortion of 1% as a 
function of load resistance. 


The trimmer capacitor in the grid circuit of V,2 helps im- 
prove the balance of the driving voltages at frequencies 
above 30 kc. For ac signals the stray capacitance between 
the plate of V; and ground is effectively (1 + 2A,) times its 
real value, because the plate voltage is Eg, + Eovr ~ Ea 
(1+ 2A,) with respect to ground. Thus, an additional 
capacitance is necessary in the plate circuit of V2 to main- 
tain the balance at high frequencies. For audio applications 
the capacitor may be eliminated entirely. 

The B supply of the amplifier has no filter choke. The 
hum level, however, is 70 db below 3 watt output when the 
input terminal is grounded. The ac line voltage is 100 volts 
in this country, which is very convenient for lighting up the 
heaters of 50L6-GT’s. 


CONCLUSIONS 


His tests and observations lead the author to the conclu- 
sion that the output-transformerless amplifier described in 
this paper meets very high standards as an audio power am- 
plifier. The frequency and the power response are flat over 
the entire audio spectrum, distortion is very low, stability is 
excellent, and the gain is high. The author is using the am- 
plifier to drive an 8-in. speaker having a voice-coil impedance 
of 400 ohms with great satisfaction. Although he has not 
tried it experimentally yet, the author believes it possible to 
use the same circuit arrangement to drive directly speakers 
of lower impedance than 400 ohms, provided many output 
tubes are employed in parallel. 


i 


S00 4 
LOAD IMPEDANCE — OHMS 
Fic. 7. Gain of the driver and of the output stage as a function 
of load resistance (without feedback). Note that these gains vary 
in somewhat complementary manner so that the total gain is less 
dependent on the load than the gain of the output stage alone. 
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Locked Concentric-Grooved Disc for Use in Measurements of 
Disc-Reproducer Performance” 


Jack Fernsternt 
Material Laboratory, New York Naval Shipyard, Brooklyn, New York 


When using spiral-groove frequency test records as the signal source for the determination of 
disc-reproducer performance, it is recognized that a gradual decrease in reproduced level occurs 
from the outside to the inside of the disc. Along with this, there occur instantaneous variations 


which tend to reduce the accuracy of measurements. 
minimized by the use of locked concentric grooves. 


are discussed, and experimental data presented. 


It was felt that these difficulties could be 
The relative merits of both types of grooves 


INTRODUCTION 

¥ DETERMINING the performance of disc-reproducing 

systems, test records of known frequencies and recorded 
levels are used as a signal source. These test records are 
usually cut from the outside towards the center of the disc, 
in the form of a continuous spiral, along which the desired 
frequencies are recorded. The time allotted for each type 
of signal is kept as short as possible in order to provide the 
maximum amount of recorded information in the limited 
space available on the disc, and in order to limit any varia- 
tions occurring from the beginning to the end of the re- 
corded section. The fact that the time available for any 
particular signal is limited makes many measurements diffi- 
cult and cumbersome. In addition, precise measurements 
are impossible because of both long- and short-time varia- 
tions occurring in both signal level and in distortion, especi- 
ally at the shorter wavelengths. 

The purpose of this paper is to investigate the feasibility 
of using locked concentric grooves instead of the conven- 
tional spiral grooves. A locked concentric groove is one 
that has been cut on the disc for a single revolution of the 
turntable, at a constant radial distance from the center of 
the disc. Such a groove provides almost unlimited playing 
time at a constant linear velocity. 


THEORETICAL CONSIDERATIONS 
There are many possible phenomena that can produce 


* Presented at the Seventh Annual Convention of the Audio Engi- 
* neering Society, New York, October 12-15, 1955. 
t The opinions or assertions herein represent those of the author 
and should not be construed as reflecting the views of the Navy 
Department or the Naval Service at large. 


changes in the characteristics of a reproduced signal over 
the surface of the record. These changes occur as a result 
of the nature of the recording and reproducing processes in 
conjunction with the use of spiral grooves. Some of the 
major phenomena are noted below, together with references 
in which they are completely described. 

1. In the recording or manufacturing process, changes 
from the desired recorded characteristics of a signal may 
occur due to interaction between adjacent grooves as a re- 
sult of the flow of the record material. 

2. Variations in the characteristics of a recorded signal 
may be caused by dissimilarity in disc material along the 
relatively long spiral path. 

3. In the recording of a spiral-groove test record there 
occurs a gradual decrease in the groove velocity (i.e., the 
linear speed of the groove with respect to the cutting stylus) 
as the cutter head moves toward the center of the disc. 
This results in a corresponding decrease in the recorded 
wavelength of a constant-frequency recorded signal. On re- 
production of this signal, variations in the reproduced signal 
may occur due to changes in the following: 

a. Playback loss.! 
b. Tracing distortion.” 
c. Pinch effect.’ 


1 Kornei, O., “On the Playback Loss in the Reproduction of Phono- 
graph Records,” J. Soc. Motion Picture Engrs., 37, 569 (December 
1941). 

2 Lewis, W. D., and Hunt, F. V., “A Theory of Tracing Distortion 
in Sound Reproduction from Phonograph Records,” J. Acoust. Soc. 
Amer., 12, 348 (January 1941). 


3 Fleming, L., “Notes on Phonograph Pickups for Lateral-Cut Rec- 
ords,” J. Acoust. Soc. Amer., 12, 366 (January 1941). 
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d. Tracking angle.* 
e. Flutter.® 
f. Induced hum and vibration pickup. 

It is to be noted that the severity of these effects will, 
to a large extent, depend upon the characteristics of the 
disc-reproducing system. 

Some examples of the foregoing changes that may occur 
over the surface of a disc, when a constant-frequency signal 
is being reproduced are shown in Figs. 1, 2, and 3. Figure 
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Fig. 1. Changes in third-harmonic velocity distortion over the 
surface of a dise, at various frequencies, due to tracing distortion.6 


1 shows the theoretical change in the level of only the third- 
harmonic distortion term due to tracing distortion for typi- 
cal conditions of reproduction from a test record. Figure 
2 also shows the theoretical distortion for typical conditions 
of reproduction, but in this case due to pinch effect. 

In order to compute the distortion, a ratio of 4:1 for 
horizontal-to-vertical sensitivity was assumed for the phono- 
graph cartridge. This value is representative of that found 
for good-quality magnetic pickups. Figure 3 shows the 


4 Carlson, R. E., “Resonance, Tracking, and Distortion, An Analy- 
sis of Phonograph Pickup Arms,” J. Audio Eng. Soc., 2, 151-162 
(July 1954). 

5 Axon, P. E., and Davies, H., “A Study of Frequency Fluctuations 
in Sound Recording and Reproducing Systems,” Proc. Inst. Elec. 
Engrs., 96, Pt. III, 65 (1949). 

6 The percentage third-harmonic distortion is given by the state- 
ment 

(100) 3(6.28 fer)? 


16 V,4 


% 3rd-harmonie distortion = 


where V, = 6.28 RN. 

f = frequency in cycles per second. 

r stylus tip radius = 0.003 in. 

w recorded modulation velocity = 3.54 in. peak per sec, 
i.e., 9.0 em. 

R recorded radius in inches. 

N = turntable speed = rpm/60 see — 78.26/60. 

V, = groove velocity in inches per second. 


itl 


I Il 


The included angle of the groove is assumed to be 90°. 
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theoretical change in distortion due to tracking-angle error 
for optimum and non-optimum placement of the pickup arm, 
as obtained by Carlson.* 

Since the effects of the previously mentioned phenomena 
vary over the path of the spiral groove, it was felt that the 
use of locked concentric grooves would be advantageous. 

The use of this type of groove would result in a reduc- 
tion of the disc surface used, permitting an increased spacing 
between adjacent grooves, thereby minimizing the condition 
noted in 1. above. The adverse condition noted in 2. would 
also be minimized, due to the relatively short linear path 
traversed on the disc for each signal. In addition, concentric 
grooves would provide a recorded signal at a constant groove 
velocity (or constant recorded radius), thereby tending to 
minimize changes in the reproduced signal due to the con- 
ditions noted in 3. 


EXPERIMENTAL PROCEDURE 
In order to cut satisfactory concentric grooves it is im- 
portant that each groove be completed and locked precisely 
in exactly one revolution of the turntable. It was antici- 
pated that a serious instantaneous click in reproduction 
would occur, due to the difficulty of performing this opera- 
tion. To determine whether this method of recording was 
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Fic. 2. Changes in second-harmonie distortion over the surface 
of a dise, at various frequencies, due to pinch effect.7 


ie) 


7 The second-harmonic distortion is given by the statement 
100 V, 


4v 


%Y second-harmonic distortion — 


where V, = vertical stylus motion in inches peak per second. 
Vertical stylus motion in inches peak per second is expressed by 
0.35 rwv* 
Vv, 
where w — 6.28f. (See footnote 6.) 


Vy= 


The ineluded angle of the groove is assumed to be 90°, The hori- 
zontal-to-vertical sensitivity of the phonograph cartridge, i.e., the 
ratio of lateral to vertical motion, is assumed to be 4:1. 
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Fig. 3. Changes in tracking distortion over the surface of a dise 
due to tracking-angle error, after Carlson.4 A is the curve for a 
well-designed arm, properly mounted. B is the eurve obtained when 
the same arm is mounted %4 in. forward of its correct position. 
The amplitude of modulation is assumed to be 0.001 in. at 1000 
eps, corresponding to a peak recording velocity of 16 em per 
second. 


te) 


feasible, a trial disc was cut, with concentric grooves modu- 
lated at various audio frequencies. Each groove was com- 
pleted in one revolution of the turntable by manually lifting 
the cutter head. As was expected, this crude method of 
timing caused a large number of the grooves to be rendered 
useless. However, excellent results were obtained with a 
number of grooves, as indicated by measurements of repro- 
duced level using an electronic voltmeter. In addition, it 
was noted that, in many cases, the fluctuation of the volt- 
meter due to the periodic click where the groove had been 
overcut was of such short duration that a steady reading 
over the remainder of each revolution could be readily ob- 
tained. 

Since in the author’s view, the practicality of cutting con- 
centric grooves had been established, the next step was to 
compare the results obtained from the reproduction of con- 
centric grooves with those obtained from conventional spiral 
grooves for identical recording conditions. A complete in- 
vestigation using various recording levels, different groove 
spacing, and different types of recording blanks, etc., could 
not be undertaken, due to the extensive work involved. In- 
stead, arbitrary conditions were imposed consistent with the 
equipment and material available. These conditions were 
as follows: 

1. The concentric and spiral grooves were cut adjacent 
to each other, at each frequency of interest, in order to 
minimize any difference in groove velocity due to different 
radii. 

2. The frequency bands along the spiral were each re- 
corded for a time duration of approximately 10 sec. The 


groove spacing was 112 lines per inch. 

3. Four concentric grooves were cut adjacent to each 
other, at each frequency of interest, in order to improve 
the chances of getting one groove of good quality. The 
spacing between grooves was approximately 1/16 in. 

4. Frequencies from 1000 to 10,000 cps were recorded on 
12-in. lacquer discs. 

5. The discs were cut with a conventional stylus. 

6. All recordings were made for reproduction at 78.26 
rpm. 
It should be noted that the locked concentric grooves were 
compared with short-duration spiral frequency bands only, 
as the use of spiral grooves for signals of Jong duration tends 
to increase the magnitude of the effects previously noted in 
the section on theoretical considerations, the results of which 
can be found in the references.1**4° 

The discs were compared for reproduction on two good- 
quality reproducing systems employing different magnetic 
cartridges. The two types of grooves were judged on the 
basis of stability of reproduced signals as obtained from 
measurements of total harmonic distortion and output level. 
The distortion meter used was of the type that compares 
the total distortion components with the output level of the 
reproduced signal, the fundamental frequency being elimi- 
nated by the use of a high-pass filter. The output level 
measurements were repeated, using an electronic voltmeter 
with a second typically representative type of damping—a 
damping system different nevertheless from that employed 
in the first meter used to measure output level. 

It was expected that signals of equal duration during 
reproduction would produce greater wear in the case of 
locked concentric grooves than in the case of conventional 
spiral grooves; wear tests were therefore made on the con- 
centric grooves to determine the seriousness of this condition. 


RESULTS 


The average absolute values obtained for output level and 
distortion were similar for reproduction of adjacent short 
spiral bands and concentric grooves at each frequency. The 
fluctuations of the indicating meters around these average 
values were considered as the basis for comparison. Some 


examples are shown in Table I. The fluctuations obtained 
from reproduction of the concentric grooves shown here in- 
clude the disturbance due to the periodic click caused by 
the periodic passage of the playback stylus over the joining 
point. 

The margin of difference between the results obtained 
with the two types of grooves was of such small magnitude 
that it can only be said, we feel, that the short-time varia- 
tions obtained when reproducing the concentric grooves were 
at least as small as those for the spiral grooves. As noted 
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Taste I. 
Comparison of Meter Reading Fluctuations Obtained from Repro- 
duction of Spiral and Concentric Grooves Including Effects of the 
Periodie Click. 


Variations Indicated 
on Distortion Analyzer 


Variation For Funda- 

in Output mental Fre- 

Levelon queneyand For Har- 
Band Type of Frequency Voltmeter Harmonies monies 
Number Groove (eps) (db) (db) (db) 


1 Spiral 10,000 +0.2 +0.0 +1.5 
—0.1 —0.0 
Concentric 10,000 +0.0 +0.0 +1.0 
—0.3 —0.4 —0.0 
Spiral 10,000 +0.0 +05 +0.5 
—0.3 —15 
Coneentrie 10,000 +0.0 +0.0 +1.2 
—0.1 —0.0 
Spiral 7,500 +0. +0.1 +0.0 
—1.5 
Concentric 7,500 +0.2 +14 
—0.0 —0.0 
Spiral 5,000 h +0.2 +1.0 
—0.0 —3.0 
Concentric 3 +0.2 +0.2 
—0.0 
Spiral +0.1 
—0.0 
Concentric +0.1 
—0.0 


Spiral +0.1 


Concentric 
—0.0 


previously, the fluctuation of the indicating meters due to 
the periodic click in many cases did not interfere with the 
steady reading over the remainder of each revolution of the 
turntable. The reduction of instantaneous variations, when 
disregarding the periodic click, is indicated in Table II, 
which presents results of measurements obtained for the 
same concentric grooves using the second reproducing sys- 
tem. Results previously obtained for the spiral grooves are 
shown for comparison. 

As anticipated, a marked improvement can be observed 
when the periodic click is neglected. However, only in the 
case of measurement of the distortion components was there 
any significant improvement over that obtained with spiral 
grooves. The specific magnitudes of the fluctuations were 
greater, in many cases, than those shown for corresponding 


concentric grooves in Table I. It was thought that the 
lower value, in the latter case, was due to the relatively 
higher compliance of the reproducing stylus. 

In order to obtain a measure of the wear of concentric 
grooves, two grooves modulated at 1000 cps and 3000 cps, 
respectively, were each continuously played for a period of 7 
hours. Measurements over this period of time showed no 
appreciable change in absolute values of harmonic distortion 
or output level. It is to be noted that the fluctuation of out- 
put-level readings due to the periodic click remained at its 
initial value of approximately 0.1 db, while the fluctuations 
of the distortion components were increased from an initial 
value of 0.6 db to 2.3 db for the 1000-cps groove and from 
0.1 db to 1.4 db for the 3000-cps groove. However, the 
variations due to the click did not become so bad that they 
could not be eliminated from the measurements. 


CONCLUSIONS 


The results obtained from these limited tests indicate that 
concentric grooves on test records would provide the same, 
if not fewer, instantaneous variations in the reproduced sig- 
nals as the presently used, conventional short spiral fre- 
quency bands. Therefore, it would be advantageous to use 
concentric grooves, we feel, since long playing time would 
then be available if necessary. The reduction in long-time 


variations would be considerable as a result of the elimina- 
tion of those changes which tend to occur due to radial 
travel imposed by spiral grooves. 

The wear tests at 1000 cps and 3000 cps indicate that 
the life of each groove would be ample. Although greater 
wear may occur at higher frequencies, the provision of a 
number of grooves at each frequency on the test record 
would eliminate this possible drawback. 

It should be remembered that only limited tests were 
made on lacquer discs at 78.26 rpm. The performance to 
be expected of concentric grooves on lacquer discs under 
other recording conditions and on pressings was not deter- 
mined, due to lack of facilities and the expenditure of time 
that would have been involved. However, there seemed no 
reason to doubt that at least the same relative results would 
be obtained for other conditions. 

The annoyance caused by the joining point in the con- 
centric groove could probably be reduced considerably by 
the use of precise mechanical or electrical controls.in making 
the recording, in conjunction with some sort of heat treat- 
ment of the disc and stylus. A further improvement might 
be effected by the proper choice of recording diameter for 
each specific frequency to be recorded, in order to eliminate 
the possibility of a discontinuity in wave shape at the point 
of locking the groove. 

Lastly, the use of concentric grooves would permit a 
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Tasze II. 
Meter Reading Fluctuations Obtained from Reproduction of Concentric Grooves with and without Effects 
of the Periodic Click. 


Variation in Output 
Level on Voltmeter 
Not Inelud- 
ing Varia- 
tions Due 
to Click 
(db) 


Band 
Number 


Type of 
Groove 


Over-all 
(db) 


Frequency 
(eps) 


Variations Indicated on Distortion Analyzer 


Fundamental 
and Harmonies 


Not Inelud- 
ing Varia- 
tions Due 

to Click 


Harmonies 


Not Inelud- 
ing Varia- 
tions Due 

to Click 
(db) 


Over-all Over-all 


(db) 


1 Spiral 10,000 


+0.2 


Concentric 10,000 +0.8 


+1.5 
—@ 


+1.3 


Spiral 10,000 +0.0 


—0.3 
+0.5 


Concentric 10,000 


+0.5 
—15 


+1.25 


Spiral 7,500 +0.5 


Concentric 7,500 


+0.0 
—1.5 


+15 


Spiral 5,000 


Concentric 5,000 


+1.0 
—3.0 


+1.0 


Spiral 1,000 


Concentric 1,000 


Spiral 7,500 


Concentric 7,500 


greater amount of information to be recorded per disc, re- 
sulting in increased economy due to relative ease of handling 
and storage. 


POSSIBLE USES OF CONCENTRIC GROOVES 


Many measurements of disc-reproducer performance, due 
to complexity, require signals of relatively long duration; 
the use of concentric grooves would seem particularly suit- 
able in such cases. In some of these measurements, on the 
other hand, the effects of the once-around click could con- 
ceivably lead to difficulties. In order to obtain an idea of 
the magnitudes involved, a few such types of measurements 
were made. 

The results obtained for the measurement of distortion 
components when reproducing a 2800-cps concentric groove 
of good quality are shown in Table III. The magnitudes 
of the variations occurring in the levels of the harmonic 
components did not appear to be altered by the presence 
of the periodic click in the record groove. In the case of 


the fundamental, it was possible to eliminate the click effects 
so as to get no variation in the measured value. It appeared 
that the major contributing factors with respect to the ob- 
served variations in the levels of the harmonics were the 
combined factors of low signal level of the harmonic com- 
ponents being measured, the sharp frequency selectivity of 
the measuring equipment, and the effects of the inherent 
flutter in the system. Thus, where these factors could not 
be minimized, variations in level due to the click would 
not be disturbing, relatively speaking. Where it was possi- 
ble to minimize the aforementioned factors, the effects of 
the click could be isolated, as previously demonstrated. 

It may be noted from Table III that a difference of only 
approximately 2 db was obtained for the total distortion as 
computed from the maximum values and the minimum val- 
ues, respectively, of the distortion components. 

Another example would be the measurement of flutter in 
a disc reproducer. Results obtained by using an oscillo- 
graphic type of flutter-recording device are shown in Fig. 
4 for reproduction of a 1000-cps concentric groove. The 
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Tasie III. Harmonie Analysis Using a Concentric Groove. 


Output Level (Voltage) 


Frequency (db in Relation to Fundamental) 
Fundamental (2800 eps) 0 
2nd Harmonie —30.9 to —28.0 
3rd Harmonic —27.4 to —25.1 
4th Harmonie —43.3 to —42.0 
5th Harmonie —50.0 to —45.6 


Total Absolute Harmonic Distortion (Maximum) = 2.1% 
Total Absolute Harmonic Distortion (Minimum) — 1.6% 


periodic spikes shown in Fig. 4, produced by the clicks, 
were of such short duration that they would not tend to 
interfere with measurements in this case. The high flutter 
in the region of the spike was found to be due to the test 
record. This was to be expected, since this region corre- 
sponds to the start of the groove recording, i.e., the point 
where the cutter-head stylus is initially applied to the disc. 

Here, again, the use of heat in the recording process would 
result in an improvement in this condition, since the mag- 
nitude of the instantaneous loading applied to the cutting 
turntable would be reduced. It should be noted that in the 
measurement of flutter by the use of concentric grooves, 
variations in the flutter that might exist along the radial 
path of the test record or reproducing turntable are elimi- 
nated. This would result in periodic repetition of the flut- 
ter content for most cases, an example of which is shown 
in Fig. 4, which lends itself readily to analysis. This would 
not apply where the random flutter was relatively high. 

By the use of a low-frequency recorded signal, in the 
neighborhood of 30 cps, and a variable-speed turntable it is 
possible to determine the mechanical low-frequency parallel 
resonance and the mechanical constants of the pickup sys- 
tem. The use of a concentric groove for the necessary low- 
frequency signal would be preferable, since this measure- 
ment could take anywhere from 10 to 20 minutes. 

The resonant frequency, in this case, would be that at 
which the cartridge output level was maximum for a con- 
stant-level recorded signal source. Errors of 1 cps in the 
determination of the resonant frequency could easily result 


Fic. 4. Fluttergram obtained using a coneentrie groove. Time is plotted horizontally; pereentage peak flutter is plotted verti- 
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in an error of 10.0% when computing the mechanical con- 
stants of the pickup system; the amount of error would, of 
course, depend upon the values of the mechanical constants 
and the resonant frequency. 

For an accurate determination of the resonant frequency, 
it is necessary that output-level measurements be precise, 
especially where the pickup system is highly damped. It 
has been noticed that when test records or frequency signals 
are replayed, repeatability of output level is not always ob- 
tained for all frequencies. This relative difference, the cause 
of which can only be guessed at, usually amounts to about 
1.0 db or less, but may be the major cause of inaccuracies. 
When using a concentric groove, the pickup arm need not 
be raised and set down periodically (as is the case when 
spiral grooves are used) and the aforementioned effect does 
not occur. 

Several concentric grooves were recorded at 20 cps and 
30 cps, respectively, and measurements of the mechanical 
constants of a pickup system attempted. At the low-fre- 
quency resonance point there is a high vertical force com- 
ponent that tends to lift the pickup arm from the record 
groove. Unfortunately, when the concentric grooves were 
used, this effect—plus the discontinuities at the groove join- 
ing point—caused the pickup arm to leave the groove in 
all cases, even though the stylus force was increased to as 
high as 40 grams. Therefore, to make this type of meas- 
urement at all feasible, the discontinuity of the recorded 
wave shape and overcutting of the concentric groove would 
have to be reduced to an absolute minimum. 

In summation, it is the author’s view that the use of con- 
centric grooves would be of advantage in the investigation 
of any disc phenomena requiring long duration at precise 
radii of the disc surface—i.e., phenomena such as harmonic 
distortion, flutter, tracking-angle effects, etc. 
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eally, with the center line representing the zero axis. The upper horizontal line indieates +0.5% and the lowermost line -0.5% peak 


flutter. The periodic spikes were produced by the clicks. 
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Quality Control of Loudspeakers as it Affects Consumers 


E. V. 


REIss 


University Loudspeakers, Inc., White Plains, New York 
Photographs by Rupotpn E. Leppert, Jr. 


The consumer’s investment in a loudspeaker is protected by the design considerations built into 
the speaker and by the production checks employed in its fabrication. The design fundamentals, 
while not superficially apparent, nevertheless contribute to the durability and longevity of the 
loudspeaker. Various production tests and checks designed to guarantee uniform performance and 
consistent quality in the final product are presented. 


ROTECTION of the customer is one of the basic func- 

tions of quality control. It is not merely a matter of 
insuring that a unit performs according to specifications 
while it is under test; quality control is a means of making 
sure that the unit will continue to perform according to spe- 
cifications over a long period of time. In addition, quality 
control helps incorporate into a design those factors which 
may ultimately lead to an economical product. In practice, 
quality control begins to operate in the early design stages 
of a loudspeaker. 

A loudspeaker is a device with moving parts, governed 
by mechanical, physical, and electrical laws. It is basically 
a motor. Nevertheless, because it is a mechanically vibrat- 
ing device, several of the important tests applied to loud- 
speakers are formulated in mechanical rather than electrical 
terms, although both are important. 

Some of a loudspeaker’s parts move in free air, others 
move in rather constricted space. One of the former is, of 
course, the voice coil, which rides within a gap in a mag- 
netic circuit. If the loudspeaker is to operate satisfactorily 
over a long period of time, precautions must be taken in 
the basic design to keep the voice coil riding in a balanced 
position in the magnetic gap. There must be no possibility 
that the coil will rub or hit the sides of the gap. There 
must be sufficient clearance on all sides. This clearance, 
however, must be held down to the minimum practical value 
if the loudspeaker is to achieve optimal efficiency in con- 
verting electrical input power into acoustic output power. 


VOICE-COIL AND MAGNETIC-GAP TOLERANCES 
What tolerances shall be called for in loudspeaker design? 
Obviously, the greater the excursion of the voice coil within 


* Presented at the Sixth Annual Convention of the Audio Engi- 
neering Society, New York, October 14-16, 1954. 


the magnetic gap, the greater the chance that the coil will 
deviate from its mean position. Consequently, if the voice- 
coil excursions in a given speaker are to be large, the gap 
in which the voice coil rides will have to be correspondingly 
large. However, if the voice-coil excursions are to be lim- 
ited, the magnetic-gap clearance need not be so great. 

If the loudspeaker under design is intended to serve as 
a woofer, the voice-coil excursions will be quite large, and 
more ample clearance will be needed for the voice coil in 
order to prevent it from hitting the sides of the gap. In 
the case of a tweeter, in which the diaphragm excursions 
are very minute in comparison with those in a woofer, we 
would ask for smaller clearances between the voice coil and 
the gap walls. We would permit greater tolerances in sub- 
assemblies intended for woofers. The specific applications 
would define the range of permissible variation in quality- 
control measurements. Practically speaking, the figures are 
set only in terms of the actual tolerances which can be main- 
tained in production. 

Voice-coil clearances within a gap are not entirely deter- 
mined, however, by the gap measurements themselves. A 
gap may be perfectly circular, but the coil itself may be 
egg-shaped or become egg-shaped in time, causing the voice- 
coil to rub. Quality control must see to it that the coil is of 
proper shape at the time the loudspeaker is made; it is 
equally important to take steps that will ensure the mainten- 
ance of this circular voice-coil shape in the field. One of 
the easiest and most effective ways to check voice-coil shape 
is to run a very finely calibrated gauge around the perimeter 
of the voice coil after it has been centered within the basket 
in which it is going to operate. In Fig. 1 an inspector checks 
the voice coil of a 15-in. woofer after the cone has been ce- 
mented into the basket. By measuring for concentricity 
of the coil and the gap and by checking for deviation from 
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Fig. 1. A production check of voice-coil concentricity. 


absolute roundness, we try to ensure that when the mag- 
netic “pot” is assembled onto the basket, there will be ade- 
quate clearance between the voice coil and the gap struc- 
ture. In some cases, the maximum deviation from absolute 
roundness permitted in the coil is 0.001 or 0.002 in. In 
other cases, the permissible deviation may be 0.002 or 0.003 
in. The deviation allowed depends, of course, on how the 
speaker is to be used, i.e., as a woofer or a tweeter. 


RIGIDITY REQUIREMENTS 


The rigid assemblies of a loudspeaker must be strong 
enough to withstand all conceivable operating conditions. 
Of course, the type of basket chosen for a particular speaker 
will depend upon the design of the speaker and the final use 
to which the speaker is to be put. Thus, for a 6- or 8-in. 
speaker, a stamped basket may be advisable, because of the 
light weight of the parts involved. On the other hand, a 
stamped basket may not be acceptable in a 15-in. woofer- 
type speaker because of the weight of the parts which the 
basket must support. Thus, it may be fairly easy to mount a 
5-lb magnet on the end of a stamped metal housing, only to 
have the weight of the magnet so distort the basket that the 
voice coil will not ride true in the gap. This can be reme- 
died by designing into the basket the necessary structural 
strength, or else by designing a die-cast basket whose 
strength will be derived from the very thickness of the metal 
comprising it. Not only must the basket be strong enough 
to support its own parts without distortion, but it must be 
so rigid that, even when the loudspeaker is secured onto a 
baffle board whose surface is somewhat irregular (rather 
than perfectly flat), there will be no distortion of the basket. 

It is not at all uncommon for a customer to buy a ready- 
made cabinet with the front panel on which the loudspeaker 
is to be mounted already warped. The cabinet may have 


been standing around for a long time in a showroom. Or 
it may have been made out of green lumber, in the first 
place, and become twisted during the aging process. Such 
a bent baffle board may cause similar distortion to develop 
in the loudspezker support itself, unless the basket has been 
designed for. strength and rigidity sufficient to withstand 
such distortions. 

Once the basket design has been chosen and formalized, 
the voice coil must be considered: it must be sufficiently 
rigid so that heat, age, and vibration do not deform it and 
thus nullify the initial design clearances. The specific de- 
sign details incorporated into the voice coil depend upon 
the application to which the loudspeaker is to be put; the 
specific design criteria will ultimately determine the end 
checks which quality-control personnel will devise for the 
particular product. 

If the voice coil of a unit is going to be called upon to 
execute large-amplitude vibrations, quality-control measures 
concerned with physical stability will be applied to the 
voice coil as it is being fabricated. If, however, the voice 
coil is to stand relatively motionless, as in a tweeter, most 
of the possible defects will be due to heat produced within 
the unit which, in turn, may affect the cement. In this case, 
quality control will concern itself with the holding power 
of the particular cement employed. 

All flexing components of a loudspeaker, such as the dia- 
phragm, must be designed in such a way that they will not 
be significantly affected by age, heat, humidity, or vibration. 

Generally speaking, longevity is a design criterion. Unless 
longevity is designed into the loudspeaker, the result may 
very well be a “skyrocket” type of speaker: it may work 
briefly and thereafter become completely useless. No amount 
of inspection can instill longevity into the final product if 
certain necessary considerations were overlooked during the 
design stage. 


INCOMING INSPECTION 


Once the design of a loudspeaker has been frozen, it is 
the function of quality-control personnel to see to it—by 
constant checks and tests—that no deterioration of quality 
occurs as production continues from day to day. 

Naturally, the first actual production controls are applied 
when raw materials enter the factory. The purpose of in- 
coming inspection is to ensure that not only is the material 
received as ordered, but also that the material that does get 
into the production line will stand up in service. Incoming 
quality controi concerns itself with different types of steels, 
with magnetic materials, papers, cements, wires, enamels, 
paints, and with a host of related items. 

Take, for example, the case of a stamped basket for a 
12-in. loudspeaker: Not only must incoming material be 
checked for gauge and dimensions but for strength as well. 
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The tensile strength of the material will determine how 
well the basket will be drawn within the manufacturer’s 
punch presses and how well the basket will resist distortion 
once the loudspeaker has been installed into a cabinet. 


MATERIALS FOR THE MAGNETIC CIRCUIT 


Of far greater importance to loudspeaker quality than the 
steel used in stamped baskets is the steel for the magnetic 
circuit of the loudspeaker. As a rule, more money is spent 
on the magnetic structure than on any other section of the 
loudspeaker. Every dollar invested in the magnetic struc- 
ture is expected to contribute to the conversion efficiency 
of the speaker. The magnetic circuit is made up, as we 
know, not only of magnetic material proper but of magne- 
tizable material, as well. The iron received at the loud- 
speaker plant must constantly be checked for permeability 
and flux-carrying capabilities. Any decrease in the thick- 
ness of the metal used to make up cover plates and back 
plates or return circuits will ultimately show up as decreased 
efficiency. Any imperfections within the iron will reduce 
its permeability and will tend to decrease the efficiency of 
the magnetic circuit. 

Magnets must be constantly examined to see that the de- 
sired product of gap length and gauss is secured. Further- 
more, the magnets must be comparatively uniform so that 
the loudspeakers coming off the production line will be fairly 
uniform in sensitivity. 


DIAPHRAGMS 

Similarly, the physical constants of diaphragms must be 
closely checked before the diaphragms are allowed to go to 
the production line. Thus, if a particular loudspeaker model 
is to have a resonant frequency of about 50 cps, the indi- 
vidual diaphragms must be spot checked as they come in 
from the vendor to see that they fall within the tolerances 
specified for production. 


WIRE 

The spool of wire from which the coil is fabricated is 
very accurately checked for wire diameter and resistivity. 
Should the diameter of the wire, and therefore its resistivity, 
vary, the resulting voice coils may vary in impedance from 
one to the other. Although there are accepted commercial 
tolerances with respect to wire, it is important to see that 
the wire used in voice coils is kept well within the limits 
which will give the loudspeaker its desired impedance char- 
acteristic. Thus, it is not uncommon to find a tensometer 
installed on coil-winding machines so that the tension of the 
wire may be kept constant as the voice coil is wound; the 
purpose is two-fold: to hold the length of each coil constant 
from speaker to speaker of the same model and to make 
voice-coil impedance as uniform as possible from unit to 


unit of the same model. 


THE CEMENTS USED IN LOUDSPEAKER MANUFACTURE 

Any cements used must hold the voice coil in its proper 
position on the voice-coil former and the vibrating dia- 
phragm. 

Not only must the voice coil be checked for concentricity 
with the magnetic gap, but the amount of energy present 
in the gap under normal operating conditions must be meas- 
ured. In production, this measurement is performed on the 
various models on the line by means of specially designed 
search coils. For economic reasons, the tests are set up on 
the basis that production workers not necessarily familiar 
with electronic techniques must be able to use the instru- 
ments readily. 


TESTING OF THE FINISHED PRODUCT 

In units where there may be internal wiring, as in coaxial- 
type speakers with built-in networks, all internal wiring is 
given a thorough electrical and mechanical check. The voice- 
coil impedance is then measured under actual operating 
conditions. Next, the unit is tested with a spectrum ana- 
lyzer designed specifically for the checking of loudspeakers. 
The test setup is shown in Fig. 2, with an inspector check- 


Fig. 2. A coaxial loudspeaker undergoing a frequency-response 
test, employing a spectrum analyzer. 


ing the response of a speaker. Actually, the analyzer is a 
miniature sound room in which the speaker is energized by 
a sweep oscillator (followed by appropriate amplification). 
The sweep may be easily controlled with respect to both 
level and bandwidth. The acoustic output of the loud- 
speaker is picked up by a microphone in a small chamber 
situated at the bottom of the rack; the characteristics of 
this chamber are very much like those of an anechoic cham- 
ber. The response of the loudspeaker, in terms of the mi- 
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crophone and the rest of the test channel, appears on an 
oscilloscope with a long-persistence screen. 


VOLTAGE BREAKDOWN TEST 

The units are also given a breakdown test in which 400 
volts dc is applied between the voice coil and the magnetic 
structure while the diaphragm is vibrating. Should any 
defect develop in the output transformer of an amplifier 
whereby high voltage would be applied to one terminal of 
the voice coil, it is desirable—as the voice coil vibrates— 
that there be no possibility of a short between it and the 
magnetic structure which might cause the unit to burn up. 


LISTENING TEST 


While the loudspeaker is being swept on the spectrum 
analyzer, a subjective listening test is performed, since we 
do not expect the oscilloscope to differentiate between pure 
tones and noise. We rely on a trained technician to listen 
to each loudspeaker as it goes through its band test to make 
sure the tone appearing on the oscilloscope is “clean” and 
undistorted. 

The foregoing tests are performed on the production line 
throughout the day. In addition to these unit checks, labo- 
ratory tests are made on a random selection of loudspeakers. 

The first laboratory measurements are for frequency re- 
sponse. These measurements, which are filed away, are per- 
formed in an anechoic chamber and yield a permanent per- 
formance record of the speakers tested. These records are 
considered representative of the particular production line 
on the particular day the laboratory tests were made. Har- 
monic distortion and intermodulation distortion measure- 
ments are also made and recorded. 

Figure 3 shows a control station for one of the anechoic 


— 


pm 


Fic. 3. Control position for anechoie chamber. 


Fig. 4. ‘‘Torture chamber’’ for actual life tests. 


chambers and the various types of equipment and controls 
which are used in making the foregoing tests: included are 
harmonic-distortion meters, intermodulation-distortion me- 
ters, wave analyzers, pulse generators, sweep oscillators, 
curve-tracing equipment, oscilloscopes for monitoring, im- 
pedance-matching panels, and all necessary accessories. 

In spite of the quantitative tests described above, we 
believe there is still an elusive element in loudspeaker re- 
production which cannot be defined in terms of absolute 
measurement. To overcome this problem, an A-B test was 
devised. Such tests are still used in the laboratory, even 
though they have moved into the public domain, so to speak, 
and are found in many salesrooms. For quantitative analy- 
sis, we place the loudspeaker in a simulated living room and 
play various types of speech and music through the speaker 
under test. 


LIFE TESTS 


After the subjective listening tests have been concluded, 
the speakers are completely dismantled and minutely exam- 
ined for defects which might, with time, cause complete fail- 
ure or other difficulties. The units are then completely 
re-assembled and subjected to destructive life tests. 

Figure 4 shows a typical life-test chamber with 10 test 
positions. Here speakers are operated at about 10% over 
their rated power-handling capacity and played until de- 
struction. Operational lives of the order of 500 continuous 
hours at 10% over rated power-handling capacity are typi- 
cal, and are equivalent to many years of operation under 
normal conditions. 

Figure 5 shows the control panel for the same 10-channel 
test room. Each channel includes a separately controlled 
amplifier and an elapsed-time meter to establish the length 
of the test accurately, should failure occur while the equip- 
ment is unattended. Fifty watts of continuous power is 
available in each test channel, which is far in excess of the 
ratings of individual conventional speakers. 
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CHOOSING THE DESIRED TYPES OF TESTS 


The types of tests to which a loudspeaker is subjected 
depend on the design criteria set up for the particular model 
and the particular characteristics in which we are interested 
in any given situation. Thus, for instance, if it is desired 
to test the mechanical strength of the vibrating diaphragm, 
we may choose a type of test where low frequencies pre- 
dominate, so that large-amplitude diaphragm excursions can 
be obtained easily. 

If, however, we wish to determine the holding power of 
a cement, we will devise a test in which the frequencies 
used are restricted to the upper end of the band: Since ex- 
cursion amplitude is usually at a minimum at the high end of 
the band, the cooling effect upon the voice coil tends to be 
at a minimum here. Thus, a greater opportunity is afforded 
for whatever heat is developed to act upon the cement under 
test. 


oe 


. 
+ - > 
~S we Pint PS 


Fic. 5. Control boards for ‘‘ torture chamber.’? 


SHOCK-EXCITATION TESTS 

If we are interested in how much shock excitation the 
loudspeaker can take, we have facilities for applying recur- 
ring square waves or sweep frequencies to it, covering any 
desired bandwidth compatible with the design of the par- 
ticular speaker. 

It is not uncommon to find all three of the above-described 
tests going on at the same time within the sound room: 
Some speakers may be under test—with low-frequency input 
signals—for mechanical stability. Other units may be un- 
dergoing tests for heating effects through the application of 
high-frequency power to their voice coils. Meanwhile, a 
third set of speakers may be under test for ability to with- 
stand impulse excitation, through the application of recur- 
rent square waves to their voice coils. 

When the life-test room is going full blast, there may be 
as much as 500 watts of audio power present in the enclo- 
sure. It is possible to work in this chamber only with ear 
plugs or other ear protection; otherwise the equipment must 
be shut down before it is safe for personnel to enter the 
room. 

Information gained from these life tests is carefully stud- 
ied as part of a continuing program of product improve- 
ment. Whenever a weak link, which is the cause of a failure, 
is strengthened, the unit as a whole is made more durable. 

There is a constant search for new and better materials. 
These are introduced experimentally into sample speakers 
and the latter are com; «red with production units in side- 
by-side tests. Whenever new materials prove superior to 
the production materials in use, they are incorporated into 
the product. It is fairly common to find tests being run 
on a new cement, a new type of diaphragm, or on a new 
flexible lead simultaneously with regular production torture 
tests. 

Tests similar to those described above are performed on 
new designs and models. Such tests are conducted independ- 
ently of those customarily performed by the design engi- 
neers. In this respect, quality control acts somewhat like 
a consumer’s purchasing agent. The design engineer, living 
close to his problem for many months, may overlook some 
factor which would be detrimental to the loudspeaker: qual- 
ity control, on the other hand, tends toward greater impar- 
tiality and objectivity. 

Quality control thus embraces all the efforts made by a 
manufacturer to maintain the quality of his products and 
to provide the customer with a unit which will be identical 
with the prototype (or better)—one that will continue to 
perform in a consistently correct manner as long as possible. 
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audio engineering and enrolled in a recognized school, available at reduced member prices. Occasional mailings 
college, or university. A StupENT MempBer is not eligible are also made ot news bulletins to members. 
to vote or to serve on committees except in his own local 
section. MEETINGS AND SECTIONS 

Dues, accerding to the following schedule, should be ‘ per : ; , 
enclosed with the application: The Audio Engineering Society holds conventions in 

the fall and winter of each year, during which technical 

NUMBER OF papers are presented and exhibits made by manufacturers 

DUES* REFERENCES of equipment used in the audio field. No charge is made 

GRADE A B REQUIRED to members for admission to the convention. In addi- 

Member $3.75 $7.50 3 tion, local sections have been organized in various parts 

Associate 3.00 6.00 2 of the country, and abroad, which meet regularly for the 

Student 1.50 3.00 1 presentation of technical papers and discussion of sub- 

* If date of application is October 1 to March 31, use Column B; jects of interest. Those members desiring to learn of 
if date is April 1 to September 30, use Column A. sections in their vicinity or to form new sections should 


correspond with the Secretary. 
THE PURPOSE OF THE SOCIETY 


The Audio Engineering Society is an organization rep- COMMITTEES 
resenting the profession whose field is the recording, trans- Dine tiltins deiieibiain oon wane tne tein Oe 
mission, and reproduction of those frequencies audible to Soci nd eee ote Ses ‘ o eee See See Seem, ae 
2 iety: Admissions; Awards; Constitution and By- 
the human ear. Its objects are the advancement of the “en Se : é ‘ 

. ; - ; ; Laws; Convention; Cooperative Research; Educational 
theory and practice of audio engineering and its closely : ihe ar sree 
related arts, and the dissemination of important informa Standards; Employment Register; Finance; Historical; 
tion i this fi Sf te fhe ean The s ‘et : k =i Lecture Course; Membership; Nominations; Papers Pro- 
erin th . hich h a te i y a $ ‘0 curement; Publications; Public Relations; Sections; 
pe eeater s - tag. cag eager igs Pgpsr Poa yt nk wcngpage Qualified members wishing to serve on any of 
oe the days of the original telephone and these committees should address the chairman of the 
CS th rough the early microphones, loudspeakers, committee involved, giving full details of their relevant 
and amplifying devices. Many of the electronic develop- experience 
ments familiar to us today, «ch as broadcasting, sound ; 
motion pictures, and radiotelephony, had their beginnings 
in audio engineering. OFFICERS 

Each year the Society gives the following awards: The The Society annually elects a President, Executive 
Emile Berliner Award for an outstanding development in Vjce-President, Central Vice-President, Western Vice- 
the field of audio engineering, the John H. Potts Memo- President, Secretary, and Treasurer for one-year terms, 


rial Award to the person who has made an outstanding and three members of the six-man Board of Governors 
contribution to the improvement of audio engineering, for a two-year term. 


PLEASE DO NOT WRITE IN THIS SPACE 
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Information for Convention and/or JOURNAL Authors 


SUGGESTIONS FOR PREPARING MANUSCRIPTS, PHOTOGRAPHS, CHARTS, 
DRAWINGS, AND LANTERN SLIDES; LETTERING SIZES, MAILING 


A Journal of original record. Papers orig- 
inally published elsewhere or promised for 
publication elsewhere are not accepted for 
presentation at Audio Engineering Society 
Conventions or for publication in the Jour- 
NAL OF THE AES. In rare instances, excep- 
tions may be made by the Convention and 
Publications Committees at their discretion. 

All papers presented at AES Conventions 
are automatically considered for publication 
in the Journat. 

Free and clear. It is assumed that all 
manuscripts submitted to the AES are offered 
free aud clear. Any paper accepted for pre- 
sentation before the Society or for publica- 
tion in the Journat or tHe AES becomes the 
exclusive property of the Audio Engineering 
Society. Complete publication rights are held 
by the AES for primary publication in the 
JouRNat. 

Permission to reprint—in whole or in part 
—papers originally published in the Jourwar 
or tHE AES is usually granted freely by the 
Publications Committee upon written request 
and provided the authors agree. 


Multiple bylines. lf the paper is to have 
more than one author, the exact form of the 
byline should be indicated on the manuscript 
and will be considered correct by the AES 
as given. 

Vital data. Make sure that the first page 
of your manuscript carries your name pre- 
cisely as you would like it rendered in the 
event of publication. If your business, pro- 
fessional or academic affiliation is to be given, 
this, too, should be included. If your posi- 
tion bears a formal title, you may include it. 

Typing the manuscript. Only one side of 
the sheet should be used. Margins should be 
at least one inch wide on each side. Triple 
spacing is preferred. 

Reviewing of the manuscript is speeded up 
considerably if several copies are submitted. 
(This is helpful but in no sense mandatory.) 
The copies may be clear carbons, mimeo- 
graphed sheets, copies made on a “spirit” 
duplicator, or blueprints. Review copies of 
diagrams, schematics, and graphs may be 
made by any convenient process. 

Abstract. The author should precede his 
text by an abstract summarizing the paper in 
general. The abstract may include a sum- 
mary of observations and conclusions set 
forth. 

Subheads. Subheadings for important sec- 
tions of the paper make it easier to read in 
printed form. 

References. References to periodical litera- 
ture should include the author’s full name, 
exact title of the article or paper cited, full 
name of the publication, volume number, 
page numbers, month, and year. Book refer- 
ences should include the author’s full name, 
full title of the book, the specific page or 
pages referred to, the publisher, place of pub- 
lication, and year of publication. References 
to patent literature should preferably be 


INSTRUCTIONS, ETC. 


given as follows: name, number of the patent 
(U. S. or foreign), date of filing, and date of 
issue. A brief description of the patent is 
helpful. 

Mathematical symbols. Care should be 
taken to make all mathematical expressions 
clear to the printer. All Greek letters and 
any unusual symbols should be identified in 
the margin. Only the very simplest formulas 
should be typewritten: all others should be 
written in carefully in ink. Do not neglect 
to give the meanings of all symbols used. 

Captions for illustrations. A caption— 
properly identified—should be supplied for 
each illustration and a legend for each chart. 
These captions should be listed—in complete 
form and consecutively—on a single sheet of 
paper. 

Photographs. All illustrative material 
needed for a particular manuscript should be 
referred to specifically in the text and should 
accompany the manuscript when it is mailed. 

Photographs and drawings should be pre- 
pared carefully to insure good reproduction. 
Photos should be standard 8 in. x 10 in. glossy 
prints. Since extremely fine detail tends to 
be obscured in all reproduction processes, it 
is often advisable to include a separate pic- 
ture—i.e., a “closeup”—of any highly signifi- 
cant detail, in addition to the general view 
which describes the overall field. 

Drawings. The reproduction copies of 
sketches, of curves, or schematics (as distin- 
guished from any review copies submitted) 
should preferably be original drawings in 


India ink on white paper or on tracing paper, — 


8% in. x 11 in. Curves made on conventional 
graph paper will reproduce poorly, but black 
India ink tracings, in which only the princi- 
pal cross-section lines are rendered, are satis- 
factory. 


Sharp, high-contrast photographs of line 
drawings are acceptable. 

Please do not send black-and-white lantern 
slides or color transparencies for publication 
—only photographic prints or original draw- 
ings should be submitted. 

Lettering. On the aforementioned 8% in. 
X 11 in. sheets, lettering and numerical data 
should not be less than 0.12 in. high. Neces- 
sary labeling should be lettered unto curves 
and sketches. On the other hand, if extensive 
descriptive material is needed, it is better to 
put such information into the typewritten 
captions rather than to attempt to letter the 
information onto the curve or sketch. 

Mailing. Mail the two copies of your man- 
uscript as directed in the AES Convention 
notice which appears on the inside front 
cover of this issue of the JouRNAL. 

Mail that cupy of the manuscript which is 
accompanied by the reproduction copies of 
your illustrative material (the Editor’s copy) 
flat, with plenty of stiff cardboard enclosed. 
It is advisable to mark the envelope 
“PLEASE DO NOT BEND.” 


ORAL PRESENTATION OF THE PAPER 

Time allotment. The average time allowed 
for any paper, unless the author requests 
more time on his Author’s Form, is 20 
minutes. If you are not going to deliver 
your paper in person, please supply the name 
of your alternate to the Convention Chair- 
man as early as possible. 

Special oral version. An informal version 
of approximately 20 minutes, having an air 
of spontaneity, is usually more effective than 
a rushed verbatim reading of the manuscript 
exactly as written for publication. Many 
authors, after submitting the formal full- 
length version of their paper for publication, 
prepare an informal version for their guid- 
ance during oral delivery. 

Demonstrations. Demonstrations always 
add interest. They should be set up well in 
advance of the particular session for which 
they are intended and tested under actual 
operating conditions. The Convention Com- 
mittee will cooperate in every way within 
its power. 

Facilities. If you expect to need a black- 
board or any special facilities (electric power, 
large table or tables, etc.) please notify the 
Convention Chairman as early as possible. 

Lantern slides. Photographs, diagrams, 
charts, and curves intended to accompany 
oral delivery should be in the form of stand- 
ard American lantern slides (3% in. x 4 in.) 
or 2 in. x 2 in. tramsparencies. The long 
dimension of the projected area should be 
horizontal in the standard slide, but may be 
either horizontal or vertical in the 2 in. x 
2 in. slide. 

PLEASE NOTE: Opaque projection of 
paper prints or drawings is not recommended. 
Nor can we guarantee that facilities for this 
type of projection will be provided. Because 
of the dimness of the image, opaque projec- 
tion is unsatisfactory for large audiences. 

Lettering on lantern slides. Charts, dia- 
grams and curves from which lantern slides 
are to be made should be held within the pro- 
portions or overall dimensions of 7 in, x 10 
in., with no more than 20, and preferably 
only 15 words to a chart. Vertical Gothic 
capitals are recommended. 

For a 7 in. x 10 in. working area, the 
smallest desirable letter height is 0.14 in. 
(made with a Leroy pen 0 or Wrico pen 7). 

Recommended, too, are the following line 
widths: 

For curves—1% to 2 points or 0.021 
in. to 0.028 in. 

For grid rules—% point or 0.007 in. 

For reference lines—1 point or 0014 
in. 

Thumb marks. To indicate proper orienta- 
tion, a thumb mark should be placed in the 
lower left-hand corner of the slide, when the 
latter is viewed as it will appear projected on 
the screen. 

More complete information on lantern slide 
dimensions is given in American Standard 
Dimensions for Lantern Slides, Z38.7.19-1950. 
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SUSTAINING ORGANIZATIONS 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


A.tec LaNsinG CorporaTION 

Ampex CorporaTION 

Aupio Devices, INc. 

AuptIo 

Ber_LaNt CoNcerToNeE, Aupio Division 
or AMERICAN ELECTRONICS, INC. 

Davm Bocen Co., INc. 

British INpustRiEs CorPoRATION 

Carrro: Recorps, Inc. 

Cotumsia Recorps, Inc. 

CoMPONENTS CORPORATION 

DicraPHONE CorporaTION 

GorHaM Recorpinc CorporaTION 

Harvey Rapio Company, INc. 

HicH Fweuiry, AupiocraFt 

INstiITUTE oF HicH Fietiry MANUFACTURERS, INC. 

James B. Lansinc Sounp, INc. 

McIntosH Lasoratory, INc. 

MEASUREMENTS CORPORATION 

OBERLINE, INc. 

PERMOFLUX CoRPORATION 

Pickerinc & Company, INc. 

Presto RecorDING CorPORATION 

Reeves Sounp Srupios, INc. 

Reeves SoUNDCRAFT CorRPORATION 

Rex-O-Kut Company 

SHure Broruers, INc. 
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